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ABSTRACT 
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Operations,  and  Information  Technology  Management  curricula  at  the  Naval 
Postgraduate  School  in  Monterey,  California.  This  course  presents  a  review  of 
Fourier  methods  and  covers  analog  and  digital  communications  systems. 

The  identified  need  for  computer  laboratories  to  support  EO  3513  results  in 
the  development  of  a  set  of  34  functions  collectively  called  the  Communications 
Toolbox  for  use  with  MATLAB.  The  Communications  Toolbox  contains 
functions  that,  when  linked  together,  simulate  the  output  of  various 
conununications  systems. 

Developed  in  association  with  the  Communications  Toolbox  are  two  sets  of 
laboratories;  nine  computer-aided  laboratories  (tutorial  in  nature),  and  fourteen 
ivogramming  laboratories. 

Laboratory  and  toolbox  development  are  described  and  documented,  with 
additional  notes  on  design,  testing,  and  implementation.  The  complete  laboratory 
sets,  with  answer  keys.  User’s  Guide,  and  computer  code  for  toolbox  functions, 
arc  provided. 
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I.  INTRODUCTION  AND  BACKGROUND 


£Q  3513.  Communicarions  Systems  Engingcrin^  IL  Modulation  is  the 
second  of  a  redesigned  three-course  sequence  for  the  C3,  Space  Systems 
Operations,  and  Information  Technology  Management  curricula  at  the  Naval 
Postgraduate  School  in  Monterey,  California.  The  EO  sequence  provides 
students  with  the  background  required  to  understand  and  apply  basic 
telecommunications  and  computer  technology  principles  in  operational 
environments. 

The  content  of  the  previous  courses  came  under  review  by  the  C3  Academic 
Group  as  part  of  a  strategy  to  address  the  concerns  highlighted  in  the  1992 
curriculum  review  [Moose  93].  Problems  addressed  by  the  group  included  the 
lack  of  “homogenity*’  in  student  academic  background  and  a  need  to  extend  the 
basics  of  the  technological  support  systems — communications  systems, 
computers,  and  sensors — to  cover  the  engineering  aspects  of  C3  systems.  (For 
example,  students  should  understand  why  specific  systems  designs  are  chosen 
and  know  the  limitations  of  various  technologies  that  may  hamper  development 
of  future  systems.) 

Among  the  specific  actions  recommended  were  the  adoption  of  a  new  course 
matrix  in  the  communications  and  sensors  area  and  the  raising  of  the  required 
student  Academic  Proflle  Code  to  reflect  the  completion  of  a  calculus-based 
physics  course.  The  new  matrix  eliminated  MA  1248,  Selected  Topics  for  Applied 
Mathematics,  which  introduced  Fourier  series  and  Fourier  integral  transforms. 
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Instead,  these  topics,  along  with  complex  mathematics  and  an  introduction  to 
circuits,  are  taught  in  the  first  course  of  the  new  EO  sequence,  EO  2413.  EO  3513 
follows  with  a  review  of  Fourier  analysis,  analog  modulation,  sampling  theorem, 
spectral  representation  of  pulse  and  digital  systems,  pulse  and  digital  modulations, 
baseband  coding  forms,  and  frequency-  and  time-division  multiplexing.  The  final 
course  of  the  sequence,  EO  3503,  includes  the  effects  and  measurement  of  noise 
models,  channel  capacity  and  antennas,  other  transmission  media,  error  correction, 
the  performance  of  complete  systems,  and  an  introduction  to  communications 
security. 

The  development  of  this  unique  course  sequence  indicated  the  necessity  for 
the  concurrent  development  of  specialized  supporting  laboratories.  It  was  the 
opinion  of  the  Curriculum  Working  Group  that  computer-based  laboratories 
allowing  students  to  program  inputs  and  analyze  outputs  would  best  suit  the 
objectives  of  EO  3513.  MATLAB,  a  software  package  developed  by  The 
MathWorks,  Inc.,  was  felt  to  be  the  optimal  programming  environment  for  these 
laboratories. 

This  document  chronicles  the  development  and  implementation  effort  for  the 
laboratories  supporting  EO  3513  as  initiated  by  the  Curriculum  Working  Group. 
The  contents  of  the  Communications  Toolbox  for  use  with  MATLAB  and  two 
associated  laboratory  sets  are  included  as  appendices. 
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II.  DESIGN  NOTES 


A.  GENERAL  LABORATORY  CONCEPT 

The  predominant  concept  for  a  set  of  laboratories  supporting  EO  3513  was 
that  students  would  be  able  to  work  with  a  set  of  MATLAB  functions  (“.m” 
files)  that  would  perform  modulation,  demodulation,  radio  frequency  conversion, 
and  similar  procedures.  By  linking  the  functions  together,  students  could 
simulate  the  outputs  of  communications  systems  introduced  in  the  classroom.  The 
collective  functions  would  be  known  as  the  Communication  Toolbox.  This 
concept  had  the  additional  benefit  of  reinforcing  computer  programming  skills 
and  theoretical  concepts  without  requiring  proficiency  in  using  laboratory 
equipment. 

It  was  proposed  that  the  laboratories  be  written  during  the  Summer  1993 
“development”  quarter  while  a  session  of  EO  2750  (precursor  to  EO  3513)  was 
being  taught.  Laboratories  and  newly-developed  MATLAB  function  files  would 
be  provided  to  students  each  week  to  support  classroom  instruction.  The 
following  “clean-up”  quarter  (Fall  1994),  during  which  EO  3513  would  not  be 
offered,  would  provide  an  opportunity  to  fine-tune  the  laboratories  and 
Communications  Toolbox  before  the  course  was  taught  again  in  the  Winter  1994 
quarter. 

Both  advantages  and  disadvantages  were  present  in  this  proposal.  A  truly 
concentrated  effort  would  be  required  to  generate  and  test  the  code  needed 
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during  the  U-week  quarter.  However,  feedback  would  be  almost  immediate,  and 
with  a  large  course  enrollment  (more  than  1(X)  students),  functional  testing  would 
be  brutally  thorough.  The  development  challenge  was  accepted. 

B.  INITIAL  LABORATORY  OBJECTIVES 

In  June  1993,  the  following  objectives  were  provided  for  the  laboratory  set: 

•  Laboratory  1  -Fourier  Techniques  Review 

Evaluate  the  spectrum  of  a  signal  using  Fourier  methods 

Evaluate  the  effect  of  filters  on  a  signal 

Differentiate  between  time  and  frequency  domain 
representations  of  a  signal 

•  Laboratory  2  -Sampling  and  Reconstruction 

Observe  the  effect  of  sampling  on  spectrum 

Observe  the  effect  of  aliasing 

Oberve  the  different  types  of  reconstruction 

•  Laboratory  3  -PAM,  PWM,  PPM 

Observe  difference  in  the  time  and  frequency  domain 
between  the  original  signal  and  its  pulse  representation 

•  Laboratory  4  -Analog  to  Digital  Conversion  and  Digital  Encoding 

Observe  the  effect  of  quantization  noise 
Observe  the  process  of  PCM  encoding 
Calculate  the  dynamic  range  of  a  system 
Observe  the  effect  of  companding 
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•  Laboratory  5 


•  Laboratory 


•  Laboratory 


•  Laboratory  8 


•  Laboratory  9 


-AM  SSB  and  AM  DSB 

Observe  the  time  and  frequency  domains  for  both  types  of 
modulation  with  inputs:  (1)  single  tone,  (2)  two  tones,  (3) 
simulated  speech 

Calculate  the  power  and  bandwidth  of  the  above  signals 
I  -  Conventional  AM 

Observe  the  time  and  frequency  comain  for  conventional 
AM  modulation  with  inputs:  (1)  single  tone,  (2)  two  tones, 
(3)  simulated  speech 

Calculate  the  power  and  bandwidth  of  the  above  signals 

'  -  Frequency  Modulation  and  Angle  Modulation 

Observe  the  time  and  frequency  domain  for  both  with  inputs: 
(1)  single  tone,  (2)  two  tones,  (3)  simulated  speech 

Calculate  the  power  and  bandwidth  of  the  above  signals 

-  Frequency  and  Time  Division  Multiplexing 

Observe  the  processes  in  the  time  and  frequency  domains 
Be  able  to  explain  in  words  what  each  is  doing 

-  RF  Digital  Modulation:  ASK,  FSK,  DPSK,  QPSK 
Observe  the  processes  in  the  time  and  frequency  domains 
Be  able  to  explain  in  words  what  each  is  doing 
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III.  DEVELOPMENT  NOTES 


An  initial  set  of  six  of  the  nine  proposed  laboratories  was  developed  during 
the  Summer  1993  quarter.  The  remaining  laboratories  were  disposed  of  as 
follows: 


•  Laboratoiy  1,  Fourier  Techniques  Review,  was  a  topic  that  the  course 

instructors  felt  they  could  best  develop  themselves. 

•  Laboratory  6,  Conventional  AM,  was  merged  into  Laboratory  5,  AM  SSB 

and  AM  DSB,  due  to  the  similarity  of  the  subject  matter. 

•  Laboratory  8,  Frequency  and  Time  Division  Multiplexing,  was  dropped. 

The  topics  were  such  that  instructors  “wove”  them  into 
their  lectures  wherever  relevant.  There  appeared  to  be  no 
optimal  placement  for  a  laboratory  on  multiplexing. 


The  majority  of  development  effort  during  the  Summer  1993  quarter  was 
spent  writing  code  for  the  functions  and  ensuring  their  interoperability.  The 
primary  focus  was  on  functionality  rather  than  performance,  partly  due  to  the 
lack  of  leisure  time  enforced  by  the  schedule — ^and  the  knowledge  that  there 
would  be  plenty  of  time  to  improve  the  functions  during  the  cleanup  quarter. 

Following  limited  testing  of  the  functions  by  the  developer,  the  associated 
laboratory  was  drafted,  then  approved  by  one  or  more  of  the  instructors.  A 
narrative  format  was  chosen  because  it  was  explanatory  rather  than  cryptic. 

Answer  keys  and  sample  scripts  were  not  specifically  provided  until 
Laboratory  4.  At  that  time,  an  appreciation  was  gained  for  the  amount  of  time 
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invested  by  students  in  performing  calculations  and  printing  plots,  in  addition  to 
the  primary  task  of  coding  the  function  calls  and  producing  plots. 

A.  A  PARADIGM  SHIFT 

With  the  development  of  Laboratory  5  came  a  shift  in  the  laboratory  focus. 
The  developer  was  requested  by  instructors  to  provide  a  MATLAB  script  file  for 
students  to  run,  rather  than  require  students  to  write  any  MATLAB  code. 
Subsequently,  Laboratories  5,  7,  and  9  were  developed  with  a  tutorial  aspect 
absent  in  Laboratories  2, 3,  and  4. 


B.  DEVIATION  FROM  OBJECTIVES 


The  initial  objectives  were  altered  in  the  following  cases; 

•  Laboratory  2  used  a  signal  recovery  method  in  the  frequency  domain 

(filtering)  rather  than  in  the  time  domain  (reconstruction). 

•  Laboratories  5  and  7  employed  three-tone  rather  than  two-tone  signals  for 

the  multi-tone  input. 

•  Laboratories  5  and  7  did  not  incorporate  a  simulated  speech  input. 

•  Laboratory  7  focused  only  on  frequency  modulation.  Because  of  the 

similarity  of  frequency  and  phase  modulation,  phase 
modulation  is  not  widely  covered. 

•  Laboratory  9  replaced  differential  phase-shift  keying  (DPSK)  with  binary 

phase  shift  keying  (BPSK)  as  one  of  four  digital  modulation 
methods  explored. 
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IV.  IMPLEMENTATION  AND  TESTING  NOTES 


A.  TOO  LITTLE,  TOO  LATE 

The  attempt  at  simultaneous  laboratory  development  and  implementation 
proved  in  the  end  to  be  unresponsive  to  the  pulse  of  the  classroom.  Ideally,  a 
student  is  given  a  laboratory  handout  at  the  time  its  topic  is  introduced  in  the 
classroom.  The  instructor  will  have  had  the  opportunity  to  review  the  laboratory 
content  before  finalizing  lecture  notes,  so  that  lecture  and  laboratory  reinforce 
one  another.  The  ambitious  development  schedule  for  the  weekly  laboratories 
was  simply  too  tight  to  allow  adequate  review  by  instructors  prior  to  distribution 
to  students. 

Laboratories  7  and  9  were  each  completed  on  schedule,  but  a  few  days  too 
late  to  do  little  more  than  increase  student/instructor  workload  as  the  classroom 
lecture  pace  quickened  towards  the  end  of  the  quarter.  Therefore  only 
Laboratories  2, 3, 4,  and  5  were  assigned  to  students. 


B.  FEEDBACK  VIA  STUDENT  CRITIQUES 

A  feedback  sheet  was  attached  to  each  laboratory  handout.  Approximately 
120  students  were  enrolled  in  five  sections  of  EO  2750  during  the  Summer  1993 
quarter.  While  it  is  not  known  exactly  how  many  laboratories  were  assigned  and 


8 


r 

j 

with  what  direction,  approximately  129  student  feedback  forms  were  returned  to 
the  developer.  While  this  number  provided  ample  student  feedback,  the  feedback 
tended  to  focus  on  problems  created  by  the  large  enrollment:  overcrowding  of 
the  laboratories,  competition  for  printers,  corruption  of  files,  and  other  trying 
circumstances. 

Discounting  specific  problems  with  Toolbox  functions  and  computer  facility 
resources,  feedback  generally  fell  into  one  of  five  areas: 

•  ‘Teach  me  EO,  not  MATLAB!”  (Emphasize  analysis,  not  programming.) 

•  The  laboratories  require  too  much  memory  to  run  on  the  average  personal 

computer. 

•  The  laboratories  take  too  much  time  to  complete. 

•  Questions  on  the  laboratories  are  too  vague. 

•  There  is  no  opportunity  to  vary  the  input  parameters  and  see  the  effects  on 

the  signals. 

C.  INSTRUCTOR  PREFERENCES 

It  became  apparent  rather  quickly  that  philosophies  among  the  three 
instructors  regarding  use  of  the  laboratories  differed  widely.  Laboratories  were 
assigned  in  full,  in  part,  or  not  at  ail.  They  were  assigned  to  individuals  or  to 
groups.  In  one  case,  a  set  of  graphs  was  produced  and  duplicated  for  others  to 
use,  so  that  computer  time  was  avoided  altogether. 

Nonetheless,  the  developer  remained  determined  to  produce  a  laboratory  set 
that  would  simultaneously  satisfy  several  instructors’  needs. 
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D.  INCORPORATION  OF  FEEDBACK 


While  the  programming-type  laboratories  were  abandoned  fairly  early  during 
the  development  quarter,  their  value  as  a  learning  vehicle  was  never  questioned. 
The  developer  chose  to  promote  the  harmonious  existence  of  two  independent, 
related  sets  of  laboratories:  “computer-aided”  laboratories  that  require  no 
programming  whatsoever,  and  “programming”  laboratories,  smaller  in  scope, 
with  clearly  defined  procedures  designed  not  to  frustrate  students. 

Other  changes  stimulated  by  student  feedback  include  the  following: 


•  Laboratories  are  considerably  shortened  (sometimes  by  dividing  into 

smaller  separate  laboratories). 

•  Laboratory  1,  Signal  and  Spectrum  Generation,  assumes  no  prior 

experience  with  MATLAB. 

•  To  better  manage  memory,  all  scripts  to  be  run  by  students  were  developed 

on  a  platform  with  just  4  megabytes  of  memory  installed. 
Programming  laboratories  include  instructions  to  help 
manage  memory. 

•  The  wording  of  all  questions  is  clarified  significantly,  with  all  necessary 

formulas  provided  in  the  laboratory  handout. 

•  Plots  are  kept  to  a  minimum  by  overlaying  signals  whenever  possible. 

Gratuitous  labeling  of  plots  is  avoided. 

•  In  programming  laboratories,  MATLAB  coding  requirements  appear  in  bold 

type  and  are  preceded  eitiier  by  the  words  “M-file”  or 
“Plot.” 

E.  INSTRUCTOR-FRIENDLY  FORMAT 


When  an  assignment  is  difficult  to  correct,  its  return  to  students  is  invariably 
delayed.  Instructor  needs  are  taken  into  account  in  the  following  ways: 

•  Recognizing  that  instructors  may  ignore  certain  topics  in  favor  of 
emphasizing  others,  a  modular  structure  is  adopted.  For 
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example.  Computer-aided  Laboratories  S-8,  which  deal  with 
single-  and  multi-tone  input,  delay  the  treatment  of  multi- 
tone  input  so  that  it  can  be  easily  eliminated  from  the 
assignment.  In  Computer-aided  Laboratory  9,  each  RF  digital 
modulation  section  can  be  run  independently. 

•  Questions  and  plots  are  numbered  so  that  instructors  can  easily  choose 

from  among  them. 

•  Answer  keys  contain  (1)  a  complete  set  of  questions  and  answers,  (2)  a 

complete  set  of  labeled  plots,  and  (3)  MATLAB  code  for 
either  the  “scr.m”  tutorial  script  file  or  the  “ex.m” 
programming  example  file. 

•  The  coding  information  provided  in  the  computer-aided  laboratory  set  is 

sufficient  to  allow  students  to  switch  to  programming 
laboratories  at  any  time. 

•  Although  numbering  between  the  two  laboratory  sets  is  consistent,  the 

computer-aided  and  programming  laboratories  are  different 
enough  to  preclude  substitution  of  the  tutorial  scripts  for 
programming  assignments. 

•  Since  laboratories  vary  quite  a  bit  in  length,  a  summary  of  conmarative 

requirements  is  provided  in  Appendix  G.  Credit  for  each 
laboratory  might  be  assigned  on  a  strict  percentage  basis. 

F.  REVISED  OBJECTIVES  AND  REFERENCES 


While  Stanley  [Stanley  82]  provides  the  majority  of  formulas  and 
techniques,  other  sources  are  consulted.  Objectives  and  references  for  each 
laboratory  are  summarized  below. 

1 .  Computer-aided  Laboratories 


•  Computer-aided  Laboratory  1  -  Signal  and  Spectrum  Generation 

Observe  single-  and  multi-tone  signal  generation, 
understanding  the  role  of  time  and  signal  vectors 
[MathWorks  92,  p.  164]  and  the  use  of  plotting  comnuuids 
[MathWorks  92,  Chapter  14]. 
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Observe  single-  and  multi-tone  one-sided  signal  spectra, 
understanding  function  calls  [MathWorks  92,  Chapter  16]. 
Relate  spectral  characteristics  to  signal  characteristics 
[Stanley  82,  Chapter  2-3]. 

•  Computer-aided  Laboratory  2  -  Sampling  and  Recovery 

Observe  the  effects  of  impulse,  flattop,  and  natural  sampling 
on  the  spectrum.  Calculate  sampling  periods,  bandwidths, 
and  pulse  durations.  Label  spectral  components  and 
calculate  their  amplitudes.  Calculate  and  label  the  first  zero 
crossings  [Stanley  82,  Chapters  6-1  and  6-2]. 

Observe  message  signal  recovery  via  use  of  a  lowpass  filter 
[Stanley  82,  p.  98]. 

Observe  the  effects  of  a]iasing  on  the  spectrum  and  signal 
recovery  [Stanley  82,  p.  267]. 

Observe  the  effect  on  the  spectrum  of  varying  the  duty 
cycle. 

•  Computer-aided  Laboratory  3  -  Pulse  Modulation  (PAM,  PWM,  PPM) 

Observe  the  diff^ences  in  the  time  domain  for  the  three 
types  of  modulation.  Calculate  the  sampling  period  and  pulse 
duration  for  PAM.  Calculate  the  maximum  pulse  duration  for 
P>^.  Calculate  the  maximum  pulse  offset  for  PPM  [Stanley 
82,  Chapters  6-3  and  6-5]. 

Observe  the  differences  in  the  frequency  domain  for  the 
three  types  of  modulation.  Label  the  sampling  frequencies 
and  calculate  approximate  baseband  bandwidths. 

•  Computer-aided  Laboratory  4  -  Analog-to-Digital  Conversion  and 

Digital  Encoding 

Observe  the  quantization  process  and  the  effect  of 
quantization  noise.  Calculate  dynamic  range,  actual  step  size, 
actual  resolution,  percentage  resolution,  and  number  of  levels 
[Stanley  82,  Chapt^  7-1  and  7-2]. 

Observe  the  process  of  pulse  code  modulation  (PCM) 
encoding.  Label  bit  values  for  non-retum-to-zero  level 
(NRZL)  unipolar,  retum-to-zero  level  (RZL)  unipolar,  and 
Manchester  coded  signals  [Stanley  82,  Chapter  7-4]. 
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Observe  the  spectnim  of  each  and  calculate  approximate 
baseband  bandwidths. 

Observe  the  effect  of  companding  on  the  quantization 
process  [Stanley  82,  Chapter  7-3],  via  use  of  a  [1-255 
compander  [Schweber  91]. 

•  Computer-aided  Laboratory  5  -  Amplitude  Modulation  Double 

Sideband  (AM  DSB) 

Observe  the  AM  DSB  process  using  a  single-tone  input. 
Calculating  peak  and  average  power  and  baseband  and 
transmission  bandwidths.  Observing  coherent  detection 
[Stanley  82,  Chapters  4-2, 4-4, 4-7,  and  4-8]. 

Observe  the  AM  DSB  process  using  a  multi-tone  input. 
Calculate  baseband  and  transmission  bandwidths,  and 
observe  coherent  detection. 

•  Computer-aided  Laboratory  6  -  Amplitude  Modulation  Single 

Sideband  (AM  SSB) 

Observe  the  AM  SSB  process  [Couch  93]  using  a  single¬ 
tone  input.  Calculate  pe^  and  average  power  and  baseband 
and  transmission  bandwidths.  Observe  coherent  detection 
[Stanley  82,  Chapters  4-3, 4-4, 4-7,  and  4-8]. 

Observe  the  AM  SSB  process  using  a  multi-tone  input. 
Calculating  baseband  and  transmission  bandwidths.  Observe 
coherent  detection. 

•  Computer-aided  Laboratory  7  -  Conventional  Amplitude  Modulation 

(Conventional  A^ 

Observe  the  conventional  AM  process  using  a  single-tone 
input.  Calculate  peak  and  average  power  and  baseband  and 
transmission  bandwidths  [Stanley  82,  Chapters  4-5  through 
4-8].  Observe  envelope  detection  [Brown  92]  [MathWorks 
92,  p,  310]. 

Observe  the  effect  of  overmodulating  the  conventional  AM 
signal. 

Observe  the  conventional  AM  process  using  a  multi-tone 
input.  Calculate  baseband  and  transmission  bandwidths. 
Observe  envelope  detection. 
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•  Computer-aided  Laboratory  8  -  Frequency  Modulation  (FM) 

Observe  the  FM  modulation  process  [Haykin  83]  for  single¬ 
tone  input.  Calculate  peak  and  average  poAver  and  baseband 
and  transmission  bandwidths  (using  Carson’s  rule).  Observe 
control  of  the  FM  bandwidth  by  varying  p  [Stanley  82, 
Chapters  S-1  through  S-4].  Calculate  and  label  Af.  Determine 
distance  between  the  sidebands  in  the  spectrum. 

Observe  the  FM  modulation  process  for  multi-tone  input. 
Calculate  peak  and  average  power  and  baseband  and 
transmission  bandwidths  (using  Carson’s  rule).  Observe 
control  of  the  FM  bandwidth  by  varying  Af. 

•  Computer-aided  Laboratory  9  -  Radio  Frequency  Digital  Modulation 

Methods  (aSK,  FSK,  BPSK,  QPSK) 

Observe  the  process  of  amplitude  shift  keying  (ASK)  and 
coherent  detection.  Calculate  bit  duration  and  baseband 
bandwidth.  Label  bit  values  and  carrier  frequency  [Stanley 
82,  Chapter  7-6]. 

Observe  the  process  of  frequency  shift  keying  (FSK)  and 
coherent  detection.  Calculate  bit  duration  and  baseband 
bandwidth.  Labwl  bit  values  and  carrier  frequency  [Stanley 
82,  Chapter  7-6]. 

Observe  the  process  of  binary  phase  shift  keying  (BPSK) 
and  coherent  detection.  Calculate  bit  duration  and  baseband 
bandwidth.  Label  bit  values  and  carrier  frequency  [Stanley 
82,  Chapter  7-6]. 

Observe  the  process  of  quadriphase  shift  keying  (QPSK)  and 
coherent  detection.  Calculate  bit  duration  and  baseband 
bandwidth.  Label  bit  values  and  carrier  frequency  [Stanley 
82,  Chapter  7-8]. 


2.  Programming  Laboratories 

•  Programming  Laboratory  1  -  Signal  and  Spectrum  Generation 

Produce  and  plot  single-  and  multi-tone  signals,  controlling 
signal  plots  [S^thWoiks  92,  p.  164  and  Chapter  14]. 
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Produce  and  plot  spectra,  using  function  calls  [MathWorks 
92,  Ch.  16].  Relate  spectral  characteristics  to  signal 
characteristics  [Stanley  82,  Chapter  2-3]. 

•  Programming  Laboratory  2A  -  Natura]  Sampling  and  Recovery 

Generate  a  naturally-sampled  signal  and  its  spectrum. 
Calculate  the  sampling  period,  bandwidth,  and  pulse 
duration.  Label  sp^tr^  components  and  calculate  their 
amplitudes  [Stanley  82,  Chapter  6-1]. 

Recover  the  message  signal  via  use  of  a  lowpass  filter 
[Stanley  82,  p.  98]. 

Generate  an  undersampled  signal  to  observe  the  effects  of 
aliasing  on  the  spectrum  and  signal  recovery  [Stanley  82,  p. 
267]. 

Vary  the  duty  cycle  of  the  sampled  signal  to  observe  the 
effect  on  the  spectrum.  Calculate  and  label  the  Hrst  zero 
crossing. 

•  Programming  Laboratory  2B  -  Flattop  Sampling  and  Recovery 

Generate  a  flattop-sampled  signal  and  its  spectrum.  Calculate 
the  sampling  period,  bandwidth,  and  pulse  duration.  Label 
spectral  components  and  calculate  their  amplitudes  [Stanley 
82,  Chapter  6-1]. 

Recover  the  message  signal  via  use  of  a  lowpass  filter 
[Stanley  82,  p.  98]. 

Generate  an  undersampled  signal  to  observe  the  effects  of 
aliasing  on  the  spectrum  and  signal  recovery  [Stanley  82,  p. 
267]. 

Vary  the  duty  cycle  of  the  sampled  signal  to  observe  the 
effect  on  the  spectrum.  Calculate  and  label  the  first  zero 
crossing. 

•  Programming  Laboratory  2C  -  Impulse  Sampling  and  Recovery 

Generate  an  impulse-sampled  signal  and  its  spectrum. 
Calculate  the  sampling  period  and  t^dwidth.  Label  spectral 
components  [Stanley  82,  Chapter  6-2]. 
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Recover  the  message  signal  via  use  of  a  lowpass  filter 
[Stanley  82,  p.  98]. 

Generate  an  undersampled  signal  to  observe  the  effects  of 
aliasing  on  the  spectrum  and  signal  recovery  [Stanley  82,  p. 
267]. 

•  Progranuning  Laboratory  3A  -  Pulse  Modulation  (PAM  and  PWM) 

Generate  PAM  and  PWM  signals  to  observe  the  differences 
in  the  time  domain  for  the  two  types  of  modulation. 
Calculate  the  sampling  period  and  pulse  duration  for  PAM, 
and  maximum  pulse  duration  for  PWM  [Stanley  82, 
Chapters  6-3  and  6-5]. 

Generate  the  spectra  of  the  PAM  and  PWM  signals  to 
observe  the  differences  in  the  frequency  domain  for  the  two 
types  of  modulation.  Label  sampling  fr^uencies  and  spectral 
components.  Calculate  baseband  bandwidths. 

•  Programming  Laboratory  3B  -  Pulse  Modulation  (PAM  and  PPM) 

Generate  PAM  and  PPM  signals  to  observe  the  differences  in 
the  time  domain  for  the  two  types  of  modulation.  Calculate 
the  sampling  period  and  pulse  duration  for  PAM,  and 
maximum  pulse  offset  for  PWM  [Stanley  82,  Chapters  6-3 
and  6-5]. 

Generate  the  spectra  of  the  PAM  and  PPM  signals  to 
observe  the  differences  in  the  frequency  domain  for  the  two 
types  of  modulation.  Label  sampling  fr^uencies  and  spectral 
components.  Calculate  baseband  bandwidths. 

•  Programming  Laboratory  4A  -  Analog-to-Digital  Conversion 

(Quantization) 

Produce  and  evaluate  the  characteristic  for  two  analog-to- 
digital  converters.  Calculate  dynamic  range,  actual  step  size, 
actual  resolution,  percentage  resolution,  and  number  of  levels 
[Stanley  82,  Chapters  7-1  and  7-2]. 

Sample  and  quantize  a  signal  using  each  of  the  converters. 

Measure  the  quantization  noise  and  compare  the  noise  in  the 
two  systems. 
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•  Programming  Laboratory  4B  -  Pulse  Code  Modulation  (PCM) 

Quantize  a  signal  and  generate  a  bitstream  for  (PCM) 
encoding. 

Generate  the  digital  signal  and  spectrum  for  NR2X  unipolar, 
RZL  unipolar,  and  Manchester  coded  signals  [Stanley  82, 
Chapter  7-4].  Predict  and  calculate  approximate  baseband 
bandwidths. 

•  Programming  Laboratory  4C  -  Companding 

Generate  a  speciHed  message  signal  and  compress  it  using  a 
ji-255  compander  [Schweber  91).  Understand  the  purpose  of 
companding[Stanley  82,  Chapter  7-3). 

Vary  the  sampling  rate  and  value  of  p.  to  reduce  quantization 
noise  in  a  2-bit  unipolar  A/D  system. 

•  Programming  Laboratory  5  -  Amplitude  Modulation  Double  Sideband 

(AMDSB) 

Generate  single-  and  multi-tone  signals  and  spectra. 
Calculate  peak  and  average  power  and  baseband  bandwidth 
for  the  single-tone  signal. 

Generate  AM  DSB  signals  and  spectra.  Calculate  peak  and 
average  power  for  the  single-tone  AM  DSB  signal  [Stanley 
82,  Chapters  4-2,  4-7,  and  4-8).  Calculate  transmission 
bandwidth  for  both  signals. 

Coherently  detect  the  AM  DSB  signals  [Stanley  82, 
Chapter  4-4). 

•  Programming  Laboratory  6  -  Amplitude  Modulation  Single  Sideband 

(AMSSB) 

Generate  single-  and  multi-tone  signals  and  spectra. 
Calculate  peak  and  average  power  and  baseband  bandwidth 
for  the  single-tone  signal. 

Generate  AM  SSB  signals  and  spectra  [Couch  93). 
Calculate  peak  and  average  power  for  the  single-tone  AM 
SSB  signals  [Stanley  82,  Chapters  4-3,  4-7,  and  4-8). 
Calculate  transmission  bandwidth  for  both  signals. 


17 


Coherently  detect  the  AM  SSB  signals  [Stanley  82, 
Chapter  4-4]. 

•  Programming  Laboratory  7  -  Conventional  Amplitude  Modulation 

(Conventional  AM) 

Generate  single-  and  multi-tone  signals  and  spectra. 
Calculate  peak  and  average  power  and  baseband  bandwidth 
for  the  single-tone  signal. 

Generate  conventional  AM  signals  and  spectra.  Calculate 
peak  and  average  power  for  the  single-tone  conventional 
AM  signal  [Stanley  82,  Chapters  4-5  through  4-8]. 
Calculate  transmission  bandwidth  for  both  signals.  Perfoim 
an  envelope  detection  on  each  signal  [Brown  93] 
[MathWorks  92,  p.  310]. 

Overmodulate  the  single-tone  conventional  AM  signal  and 
observe  the  result. 

•  Programming  Laboratory  8  -  Frequency  Modulation  (FM) 

Generate  single-  and  multi-tone  signals  and  spectra. 
Calculate  peak  and  av^age  power  and  baseband  bandwidth 
for  the  single-tone  signal. 

Frequency-modulate  the  signals  [Haykin  83],  using  p  -  10. 
Calculate  peak  and  average  power  and  transmission 
bandwidth  (using  Carson’s  rule)  for  the  single-tone  signal 
[Stanley  82,  Chapters  S-1  through  5-4].  Calculate  and  label 
Af.  Determine  distance  between  the  sidebands  in  the 
spectrum. 

Control  bandwidth  of  the  FM  signal  by  varying  P  ,  then  by 
varying  Af. 

•  Programming  Laboratory  9  -  Radio  Frequency  Digital  Modulation 

Methods  (ASK,  FSK,  BPSK,  QPSK) 

Generate  the  NRZL  unipolar  digital  message  signal  and 
spectrum,  using  a  random  bitstream.  Label  bit  values  in  the 
signal.  Calculate  baseband  bandwidth.  Generate  the 
amplitude  shift  keyed  (ASK)  signal  and  spectrum.  Label  bit 
values  and  carrier  frequency  [St^ey  82,  ^apter  7-6]. 
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Generate  the  frequency  shift  keyed  (FSK)  signal  and 
spectrum.  Label  bit  values  and  carrier  frequencies  [Stanley 
82,  Chapter  7-6]. 

Generate  the  NRZL  bipolar  digital  message  signal  and 
spectrum,  using  a  random  bitstream.  Label  bit  values  in  the 
signal.  Calculate  baseband  bandwidth.  Generate  the  binary 
phase  shift  keyed  (BPSK)  signal  and  spectrum.  Label  bit 
values  and  carrier  frequency  [Stanley  82,  Chapter  7-6]. 

Split  the  signal  into  odd  and  even  parallel  signals.  Generate 
the  quadriphase  shift  keyed  (QPSK)  signal  and  spectrum. 
Label  bit  values  and  carrier  frequency  [Stanley  82,  Chapter 
7-8]. 
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V.  CONCLUSION 


The  success  of  this  laboratory  development  effort  cannot  currently  be 
measured  due  to  the  fact  that  only  about  70%  of  the  initial  laboratories  have 
been  evaluted  in  a  classroom  setting.  This  figure  translates  to  only  40%  of  the 
final  laboratory  sets. 

But  in  other  ways,  the  development  effort  can  be  considered  successful.  It  is 
a  walking  advertisement  for  rapid  prototyping — the  difHculties  inherent  with 
“build  as  you  go”  resulted  in  a  product  much  closer  to  the  users*  needs  than 
they  themselves  initially  envisioned.  Given  the  adaptive  nature  of  rapid 
prototyping,  the  process  was  no  more  chaotic  than  could  be  expected.  It  must  be 
noted,  however,  that  the  rapid  prototyping  applied  essentially  to  the  laboratory 
contents  and  not  to  the  Communications  Toolbox  functions.  It  would  have  been 
advantageous  if  development  of  the  Communications  Toolbox  had  been 
completed  prior  to  the  quarter  in  which  the  laboratories  were  developed. 

So  while  the  development  effort  can  be  considered  sua  cssful,  an  evaluation 
of  the  total  success  of  this  project  is  premature.  In  fact,  it  may  be  ripe  for 
judgement  only  after  graduates  have  completed  follow-on  tours.  For  the 
immediate  future,  however,  the  developer  is  confident  that  the  product  is 
responsive  to  the  needs  of  the  users. 


20 


REFERENCES 


[Brown  93]  Department  of  Electrical  and  Computer  Engineering,  Naval 
Postgraduate  School  Technical  Report  no.  NPSEC>93-017,  SPC  Toolbox, 
by  LT  Dennis  W.  Brown  and  Mtmique  P.  Fargues,  p.  55, 15  October  1993. 

[Couch  93]  Couch,  Leon  W.,  n.  Digital  and  Analog  Communication 

Systems,  Macmillan  Publishing  Ccnnpany,  1993,  p.  314. 

[Hayldn  83]  Haykin,  Simon,  Communication  Systems,  Second  Edititn, 
John  Wiley  &  Sons  Inc.,  1983,  p.  190. 

[MathWorks  92]  The  MathWorks,  Inc.,  The  Student  Edition  of  MATLAB  for 
Macintosh  Computers,  Pientice-Hi^,  Inc.,  1992,  Chapters  14, 16,  and  19, 
and  Part  4. 

[Moose  93]  Moose,  Paul  (Chairman,  C3  Academic  Group,  Naval 

Pos^aduate  School)  memorandum.  Subject:  Final  Report  of  the  C3 
Futures  Committee,  3  Feb  93. 

[Schweber91]  Schweber,  WMasn,  Electronic  Communications  Systems,  A 
Complete  Course,  Prratice-Hall,  Inc.,  1991,  p.  342. 

[Stanley  82]  Stanley,  William  D.,  Electronic  Communications  Systems, 
^ntice-HaU,  Inc.,  1982,  Cluqjters  2, 3, 4, 5, 6,  and  7. 


This  page  is  intentionally 
left  blank. 


22 


APPENDIX  A— COMPUTER-AIDED  LABORATORIES 


Name: 


Section: 


EO  3513  Computer-aided  Laboratory  1 
Signal  and  Spectrum  Generation 


This  laboratoiy  introduces  the  Communkations  Toolbox  for  use  with  MATLAB.  The 
toolbox  functions  are  available  on  di^  for  use  on  both  PC  and  Macintosh  platforms.  Users 
should  employ  the  *1ielp”  feature  in  MATLAB  for  information  about  die  functirxis,  or 
consult  tile  users’  guide. 

While  the  laboratories  in  this  set  require  you  only  to  run  MATLAB  script  tiles,  you 
will  want  to  be  familiar  with  some  basic  plotting  and  printing  commands,  and  understand 
tiie  mechanics  of  script  writiitg  and  function  calls. 

The  m-tile  for  this  laboratory  is  “lablscr.m.”.  It  may  be  helpful  to  print  the  m-tile  for 
reference  before  running  the  script 


Part  1 — Observe  signal  generation 


A.  Establishing  the  time  vector 

Since  signals  are  functions  of  time,  a  time  vector  must  be  established  jirior  to 
generating  a  signal  Below  is  tiie  time  vector  ’tl”  tiiat  is  one  second  in  duration  and  has  a 
"step  size^’  of  one-thousandtii  of  a  secrmd.  Hie  variable  name  “delt^r  (At)  is  usually 
assigned  to  the  step  size  tiiroughout  this  series  of  laboratories.  The  time  vector  consists  of 
1,(X)1  values,  or  points,  starting  at  0  and  ending  at  1. 

tl=0:0.()01 : 1 ;  %time  vector 

B.  Generating  a  signal 

The  single-tone  periodic  signal  si,  generated  using  tiie  formula  below,  has  a 
frequency  of  10  Hz: 

sl=cos(2*pi*10*tl);  %single-tone  signal 

A  multi-tone  signal  can  be  generated  by  adding  sinusoids  together.  The  signal  s2 
contains  frequencies  of 20,35,  and  SO  Hz: 

s2=sl0*cos(2*pi*20*tl)44*cos(2*pi*35*tl)+6*cos(2*pi*50*tl);  %multi-tone  signal 


Conqmter-cdded  Laboratory  1—page  1 


23 


In  future  laboratories  you  will  use  the  maximum  amplitude  of  a  signal  in  order  to 
calculate  its  power  in  die  time  domain.  The  signal  “s2*’  has  a  maximum  amplitude  of  20  (in 
this  case,  ctmveniently  found  by  adding  the  maximum  amplitudes  of  its  three  cosines).  If 
not  easily  detennined  from  the  formula  or  the  rignal  plot,  use  the  “max”  command  in 
MAILAB  to  find  the  approximate  maximum  sipal  amplitude: 

maxjof_s=max(s);  %maximum  amplitude  in  the  signal  s 

The  “plot”,  ’’title”,  “xlabel”,  and  “ylabel”  onnmands,  used  as  shown  below, 
produce  clearly  labeled  gn^ihs  of  the  signals: 

plot(tl,sl) 
titie(‘Signal’) 
xlabelCTune’) 
ylabdC  Amplitude’) 

Run  the  script  **lablscr.in.** 

Plot  1:  Observe  the  single-tone  dgnal  si  plotted  against  the  time 

vector  tl. 

Plot  2:  Observe  die  multi-tone  signal  s2  plotted  against  tbe  time  vector 

tl. 

C.  Controlling  signal  plots 

Signals  si  and  s2  are  lower-frequency  signals  than  will  conunonly  be  used  in  these 
laboramries.  The  vectors  t2,  $3,  and  s4  below  are  representative  of  the  time  and  signals 
vectors  that  you  will  be  observing. 

t2^0.(X)01 : 1;  %time  vector  of  10,001  points 
s3=S*sin(2*pi*2(X)*^);  %single-tone  si^ial 

s4=10*cos(2*pi*130*t2)+5*cos(2*pi*335*t2)4cos(2*pi*400*t2);  %multi-tone  signal 

Using  higher  frequencies  makes  signal  diaracteristics  hard  to  distinguish  when  die 
entire  signal  vector  is  plotted.  Described  below  are  two  methods  of  limiting  plot  size  to 
ICKX)  points. 

(1)  Restrict  die  nciiuber  of  points  plotted.  This  method  has  an  advantage  in  that 
the  two  vectors  need  not  be  ihe  same  lengdi: 

plot(t2(l  :1000),s3(l ; 1000)) 

(2)  Use  die  “axis^  command  to  fieeze  die  axes  at  minimum  and  maximum 
values  of  time,  amplitude,  etc,  (as  opposed  to  numbers  of  points).  Following  use  of  the 
axis  freeze,  die  axis  must  be  released  by  typing  the  command  “axis”. 


Computer-aided  Laboratory  1—page  2 
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One  signal  will  frequently  be  plotted  over  another  in  order  to  ctxnpaie  sigi^  (a 
recovered  signal  and  its  message  si^al,  for  example).  Three  mediods  are  described  below. 

(1)  Listing  pairs  of  x  and  y  arguments  for  the  ‘^lof*  ctanmand: 
plot(t2(l:500).s3(l:500),t2(l:500),s4(l:500))  %plot  s4  over  s3 

(2)  Using  the  *1iold  on”  and  “hold  ofP*  commands,  sometimes  combined  with 
“pause”: 

plot(t2,s4)  %plot  signal  with  larger  amplitude  first 
hold  on 

pause(3)  %wait  3  seconds 
plot(t2,s3,  ’g’)  %plot  in  green 
hold  off 

(3)  Creating  a  signal  matrix  to  plot  against  a  single  time  vector 
plot(t2(l : 1000).[s3(l :  1000);s4(l :  1000)]) 

Otiier  commands  that  affect  plotting  of  results  tiiat  you  may  see  in  the  scripts  include 
tiie  following: 

**Subplot”  permits  up  to  four  plots  per  grr^hics  window. 

‘Tause”  with  no  argurnent  delays  program  execution  until  tiie  user  presses  return 
(preventing  graphs  from  whizzing  by  unobserved) 

Xlg”  between  sets  of  plots  prevents  plots  fipom  being  superimposed. 

Press  return  to  continue. 

Plot  3:  Observe  s4;  press  return;  and  observe  s3  plotted  over  it.  These 

dgnals  are  restricted  to  500  points. 

D.  Printing  plots 

On  PC  platforms,  the  command  *‘meta”  creates  a  graidiics  file.  *Prtsc”  dumps  the 
current  graph  window  to  a  printer:  *Trinf  *  sends  a  high-resolution  copy  to  tire  printer:  (The 
capability  to  use  tiiese  commands  may  vary  accmding  to  machine  and  software 
configuratitm.)  You  may  need  to  edit  the  s^t  fife  in  order  to  print  a  plot 

For  Macintosh  platforms,  choose  “prinr  fimn  die  “file”  menu  to  print  tiie  active 
graph  window,  or  use  tiie  “save  as”  command  in  the  “fife”  menu  to  create  a  (^dc-Draw 
gr^hics  file. 
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Part  2 — Observe  spectrum  generation 


A.  CaUinig  a  function 

The  Communications  Tbolbox  contains  the  function  **q)ectial,*’  with  Ae  following 
function  caU: 

[specsig Jlz,fitsig]B^>ectnd(s,delta^t);  %fuiicti(m  call  to  q)ectral.m 

“Spect^  produo^  a  one-sided  sp«^wn  A  two-sided  spectnun  wi  A  lelatively- 
cotiect  amplitude  could  also  be  generated,  nsii^  Ae  following  command: 

two_sidedL^)ec=fftshift(abs(ffttig));  %plot  against  tiie  time  vectw 

The  step  size  and  number  of  pomts  m  the  time  vectnr  idate  directly  to  (1 )  Ae  number 
of  finequencies  observed  m  the  rmectrum,  and  (2)  the  resolution  of  the  qiectrum.  The  above 
vector  of  1,001  points  wiA  At=0.001  prodiKes  a  <me-sided  qrectrum  of  500  Hz-^ialf  the 
number  of  points — wiA  a  resolutim  of  rq)proximalely  1  Hz. 

>fector  lengtiis  fw  qrec^  plots  ate  usually  not  reduced  m  order  to  see  as  many  of  the 
qtectral  compcments  as  posable. 

Press  retorn  to  oontinae. 

Plot  4:  Observe  the  spectrum  for  si. 

Label  the  Hz  value  and  the  an^tude  of  the  spectral 
component 

Press  return  to  continue. 

Plot  5:  Observe  die  spectrum  for  si. 

Label  the  Hz  values  and  die  ampUtndes  of  the  spectral 
components. 

Plot  6:  Observe  die  spectrum  for  sd. 

Label  die  Hz  values  and  die  amplitudes  of  the  spectral 
components. 

Question  1:  Crmqiare  Plots  5  and  <>.  Why  does  Plot  6  display  more 
frequencies  dian  Plot  57 

Question  2:  Given  the  spectral  plot  a  multi-tone  signal^  how  could  you 
detemine  die  ampUtudes  and  firequendes  of  e^  of  Ae  dgnal 
tones? 
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Name 

Section: 


EO  3513  Computer-aided  Laboratory  2 
Sampling  and  Recovery 


This  laboratory  requires  tfie  Omimunicadons  Toolbox  for  use  with  MATLAB.  The 
toolbox  functions  are  available  on  disk  for  use  (Hi  both  PC  and  Macintosh  platf(Hins.  Users 
should  employ  the  “help”  feature  in  MATLAB  for  information  about  the  functi(His,  or 
consult  the  usm’  guide. 

The  m-file  for  this  laboratory  is  “lab2scr.m  ”  It  may  be  helpful  to  print  the  m-file  for 
reference  before  running  the  script 


Part  1 — Observe  the  effects  of  sampling  on  the  spectrum 


A.  Generating  the  signal 

You  will  be  observing  three  types  of  sampling  on  the  following  message  signal: 
t=0:.0001:l;  %timeveaor 

s=cosC2*pi*120*t)+cos(2*pi*300*t)+cos(2*pi*450*t);  %multi>tone  signal 
Run  the  script  **lab2scr.ni/* 

Plot  1:  Observe  the  signal  s  plotted  against  the  time  vector  t. 

B.  Sampling  the  signal 

Signals  are  sampled  by  calling  the  functions  “natsamp.m,”  “impsamp.m and 
“flattop.m.”  Since  450  Hz  is  the  hipest  frequency  in  tiie  message  signal,  Ae  sampling  rate 
of  1000  Hz  adequately  prevents  aliasing. 

The  naturally-sampled  signal  is  produced  by  multiplying  a  pulse  train  aiKi  the 
message  signal. 

Press  return  to  continue. 

Plot  1:  Observe  the  pulse  train,  at  a  rate  of  1000  Hz  and  duty  cycle  of 

0.5,  plotted  over  the  message  signal. 
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Plot  2:  Obsenre  ttie  naturally-sampled  signal,  at  a  sampling  rate  of 

1000  Hz  and  duty  qrcle  of  0.5. 

The  impulse-sampled  signal  is  produced  by  multiidying  an  impulse  train  and  the 

message  sigi^. 

Press  return  to  continue. 

Plot  3:  Observe  the  impulse  tndn,  at  a  sampling  rate  of  1000  Hz, 

{dotted  over  the  message  signal. 

Plot  4:  Observe  the  impulse-sampled  signal,  at  a  sampling  rate  of 

1000  Hz. 

The  flattop-sampled  signal  is  produced  by  convolving  the  impulse  train  with  a  single 

flattop  pulse. 

Press  return  to  continue. 

Plot  S:  Observe  ttie  flattop-sampled  signal,  at  a  sampling  rate  of  1000 

Hz  and  duty  qrde  of  0.5. 

Question  1:  Calculate  the  following  values,  in  seconds,  for  tiie  naturally- 
and  flattop-sampled  signals: 

sampling  period  T 
pulse  duration  t 

Question  2:  Describe  the  distinguishing  pulse  shape  of  eadi  sampled 
signal: 

naturally-sampled 

flattop-sampl^ 

impulse-sampled 

C.  Generating  the  ^)ectrum 

The  one-sided  spectrum  of  each  sampled  signal  is  produced  using  the  function 

“iq)cctral.m.” 

Press  return  to  continue. 

Plot  6:  Observe  the  spectrum  of  the  message  signal. 

Label  the  Hz  value  of  each  of  tiie  baseband  signal  frequencies. 
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Plot  7:  Observe  the  spectrum  of  the  naturally-sampled  signal. 

Label  the  following  groups  of  frequencies  in  the  spectrum: 

baseband  signal  frequencies 

spectral  components  associated  with  the  sampling 

f^quency  (fs)  and  each  of  its  multiple  (2fs,  3fSy  etc.) 

Label  die  first  zero  crossing  (1/t) . 

Press  return  to  continue. 

Plot  8:  Observe  the  spectrum  of  the  impulse-sampled  signal. 

Label  the  following  groups  of  frequencies  in  the  spectrum: 

baseband  signal  frequencies 

spectral  components  associated  with  the  sampling 

frequency  (fs)  and  each  of  its  multiples  (2fs,  3fs,  etc.) 

Plot  9:  Observe  the  spectrum  of  the  flattop-sampled  signal. 

Label  the  following  groups  of  frequencies  in  tiie  spectrum: 

baseband  signal  frequencies 

spectral  components  associated  with  the  sampling 

frequency  (fs)  and  each  of  its  multiples  (2fs,  3fs»  etc.) 

Label  tiie  first  zero  crossing  (1/t) . 

Question  3:  Describe  die  overall  shape  of  each  spectrum.  Does  each  of  the 
spectral  plots  conform  to  your  theoretical  expectations?  Note 
any  discrepancies. 

The  amplitude  spectnim  of  a  naturally-sampled  signal  can  be  determined  using  the 
ftmnula 

N=0 


where 

„  dsin(Nxd) 

and  d  is  the  duty  cycle  and  N  indicates  the  number  of  the  harmonic. 
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Question  4:  Calculate  for  N  s  1,  N  s  2,  and  N  =  3. 


Compare  with  the  values  shown  on  the  spectral  plot  for  natural 
sampling. 


The  amplitude  spectnun  of  a  flattop-sampled  signal  can  he  detennined  using  the 
formula 


where 


N=0 


dsin(Ntf) 

Ntf 


and  d  is  the  duty  cycle,  x  is  the  pulse  duration  in  seconds,  and  f  indicates  the  frequency  in 


Question  5:  Calculate  for  f  =  550,  f  s:  700,  and  f  =  880. 

Compare  with  the  values  diown  on  the  spectral  plot  for  flattop 
sampling. 


Part  2 — Observe  the  message  signal  recovery 


Signals  are  recovered  using  die  function  ‘"recovers.m.” 

A.  Recovering  the  message  signal 

An  ideal  lowpass  filter  at  500  Hz  retains  die  baseband  frequencies  while  filtming  out 
the  frequencies  produced  by  sampling.  Recovery  of  the  message  signal  will  be  shown 
using  TO  naturally-sampled  signal.  In  diis  “peifecf  ’  system,  you  w2l  observe  a  nearly 
perfect  recovery. 

Press  return  to  continue. 

Plot  10:  Observe  tiie  recovered  signal  plotted  over  the  message  signal. 
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Part  3 — Observe  the  ^ects  of  aliasing  on  the  spectrum  and  recovery 


A.  Generating  undersampled  signals 

An  undersampled  signal  is  sampled  less  than  twice  die  highest  signal  frequency, 

producing  an  effect  known  as  “aliasing."  Undersampling  will  be  demonstrated  using 

natural  sampling  at  a  rate  of  600  Hz. 

Question  6:  What  is  ttie  minimum  theoretical  sampling  frequency  for  the 
message  signal  s? 

Press  return  to  continue. 

Plot  11:  Observe  the  undersampled  (naturally-sampled)  signal. 

Plot  12:  Observe  the  undersampled  (naturally-sampled)  signal 

spectrum. 

Press  return  to  continue. 

Plot  13:  Observe  the  recovered  undersampled  (naturally-sampled)  signal 

plotted  over  the  message  signal. 

Label  the  recovered  signal. 

Question  7:  Compare  the  undersampled  signal  spectrum  in  plot  12  to  its 
counterpart  in  plot  7.  What  is  the  effect  of  undersampling  on 
the  spectrum?  What  is  the  effect  of  undersampling  on  die 
signal  recovery? 


Part  4 — Observe  the  effect  on  the  spectrum  of  varying  the  duty  cycle 
A.  Generating  the  sampled  signal 

The  flattop-sampled  signal  is  used  to  dononstrate  the  effects  of  varying  the  duty 

cycle. 

Press  return  to  continue. 

Plot  14:  Observe  the  flattop-sampled  signal,  sampled  at  1000  Hz  with  a 

duty  cycle  of  0.7. 
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Plot  IS:  Observe  the  flattop-sampled  signal  spectrum,  sampled  at  1000 

&  with  a  dutj^  cycle  of  0.7. 

Label  die  Hz  value  at  die  first  zero  crossing  (1/t) . 

Press  return  to  continue. 

Plot  Id:  Observe  the  flattop-sampled  signal,  sampled  at  1000  Hz  with  a 

du^  cycle  of  0.3. 

Plot  17:  Observe  the  flattop-sampled  signal  spectrum,  sampled  at  1000 

Hz  vrith  a  duty  cycle  of  0.3. 

Label  the  Hz  value  at  the  first  zero  crossing  (l/t) . 

Qu^tion  8:  What  is  the  effect  of  reducing  the  doty  cycle  on  the  sampled 
signal  baseband  bandwiddi? 
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Nsdc: 
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EO  3513  Computer-aided  Laboratory  3 
Pulse  Modulation  (PAM,  PWM,  PPM) 


This  lalxx^ry  requires  the  Communicatioiis  Toolbox  for  use  with  MATLAB.  The 
toolbox  functions  are  available  on  disk  for  use  on  both  PC  and  Macintosh  platforms.  Users 
should  employ  tire  ‘^Ip”  feature  in  MATLAB  for  information  about  the  fiuretions,  or 
consult  the  users*  guide. 

The  m-file  for  this  laboratory  is  **lab3scr.m.*’  It  may  be  helpful  to  print  the  m-file  for 
reference  before  running  tire  script 


Part  1 — Observe  the  differences  in  the  time  domain  for  the  three  types  of 
modulation 


A.  Generating  the  signal 

You  will  be  observing  the  three  types  of  pulse  modulation  on  tiie  following  message 
signal: 

t=0:.0001:l;  %time  vector  to  one  second 

s=5*(cos(2*pi*75*t)4«in(2*pi*150*t));  ^signal 

Run  the  script  **lab%cr.ni.” 

Plot  1:  Observe  the  signal  s  plotted  against  the  time  vector  t. 

B.  Modulating  tire  signal 

Signals  will  be  modulated  using  tire  functions  “flattop.m,**  “pulswid.m,”  and 
**polsposjn.”  To  allow  close  examination  of  pulse  widths  and  positions,  a  sampling  rate  of 
SOO  Ib  will  be  used. 

You  studied  the  flattop-sampled  signal  in  Laboratory  2,  and  saw  tiiat  while  its  pulses 
varied  in  amplitude,  they  always  ^peared  at  the  start  of  tire  sampling  pmod  T,  and  had  a 
constant  duration  x.  FlatU^  sampling  is  one  implementatitm  of  pulse-amplitude  modulation 
(natural  sampling  is  the  other).  In  t^  laboratory,  the  familiar  characteristics  of  tire  pulse- 
amplitude  modulated  (PAM)  signal  will  be  compared  to  characteristics  of  the  pulse-width 
and  pulse-position  modulat^  signals. 
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Press  return  to  continue. 


Plot  1:  Observe  the  PAM  signal  (d  s  0.5)  piotted  over  the  message 

signai. 

Question  1:  Caiculate  the  foliowing  values,  in  seconds,  for  the  PAM 
signal: 

sampling  period  T 
pulse  duration  t 

Like  PAM  signals,  pulse-width  modulated  (PW^  si^al  pulses  begin  widi  the 
sampling  pmod  T.  Pulse  amplitudes  are  constant,  while  their  widths  vaiy,  based  on  the 
amplitu^  of  die  message  signal  at  each  pulse  beginning.  To  facilitate  this  variation  in  pulse 
width,  the  maximum  pulse  duration  is  ei^ressed  as  a  fr^on  of  the  sampling  period  T.  The 
signal  you  wiU  observe  has  a  maximum  pulse  duration  of  0.8,  meaning  diat  die  widest 
pulse  ^  coulo  occur  would  be  0.8  of  the  sampling  period  T  in  duration,  where  maximum 
signal  amplitude  fell  at  the  beginning  of  a  pulse.  The  most  narrow  pulse  would  occur  where 
die  minimum  signal  amplitude  fell  at  die  beginning  of  a  pulse. 

Question  2:  The  maximom  signal  amplitude  of  s  is  8.8,  the  modulation  rate 
is  500  Hz,  and  the  maximum  pulse  duration  is  0.8  of  the 
sampling  period.  Calculate  the  duration  in  seconds  of  the 
widest  pulse  tiiat  could  occur  for  its  PWM  signal. 

Question  3:  The  zero  crossings  in  this  signal  occur  halfway  between  tiie 
minimum  and  m^mum  signal  values.  Calculate  the  pulse 
duration  in  seconds  for  a  PWM  pulse  that  occurs  at  the 
beginning  of  a  zero  crossing. 

Press  return  to  continue. 

Plot  2:  Observe  the  PWM  (maximum  pulse  duration  =  0.8)  signal 

plotted  over  the  message  signal. 

The  maximum  signal  amplitude  in  s  occurs  at  0.028  seconds;  a 
zero  crossing  occurs  at  0.03  seconds.  Verify  your  answers  to 
Questions  2  and  3. 

Label  the  duration  of  each  of  these  pulses  on  tiie  plot 

A  pulse-position  modulated  signal,  like  a  pulse-amplitude  modulated  signal,  has  a 
cmistant  duration  t.  However,  the  pulse  beginnings  vaiy  in  location  within  the  sampling 

S:riod  T.  Most  PPM  systems  vary  pidse  position  from  die  middle  of  the  sampling  period  T. 

egative  signal  amplitudes  cause  the  pul%  to  shift  left;  positive  si^ial  amplitudes  cause  die 
pulse  to  shift  right 
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The  function  **pulspos.m”  transmits  signal  infonnation  via  the  amount  of  tl^  pulse 
offset  from  tte  beginning  the  sampling  period.  To  allow  for  laiger  variatirnis  in  the  pulse 
offset,  the  pulse  duration  t  is  kept  small.  Tlie  PPM  signal  you  will  observe  has  a  duty  cycle 
of  0.1;  thus  Ae  lugest  pulse  offset  that  could  occur  would  be  0.9  of  die  sampling  period 
T,  observed  at  the  maximum  signal  amplitude.  No  pulse  offset  occurs  at  the  minimum 
sij^ial  amplitude. 

In  the  following  plot,  the  sampling  period  T  is  defined  by  the  grid  imposed  over  the 

plot 

Press  return  to  continue. 

Plot  3:  Observe  the  pulse-position  modulated  signal  (d  =  0.1)  plotted 

over  the  message  agnal.  Note  the  pulse  positions  at  tte  signal 
maximum  (0.028  seconds),  signal  minimum  (0.032  seconds), 
and  zero  crossing  (0.03  seconds)  values. 


Part  2 — Observe  the  differences  in  the  frequency  domain  for  the  three 
types  of  modulation 

A.  Generating  die  spectra 

The  one-sided  spectrum  of  each  modulated  signal  is  produced  using  the  function 
“spectral.m.” 

Press  return  to  continue. 

Plot  4:  Observe  the  spectrum  of  the  message  signal. 

Label  the  Hz  values  of  the  baseband  signal  frequencies. 
Plot  5:  Observe  the  spectrum  of  tiie  PAM  signal. 

Label  the  Elz  value  of  the  sampling  frequency  (fs). 

Press  return  to  continue. 

Plot  6:  Observe  the  spectrum  of  tiie  PWM  signal. 

Label  the  Hz  value  of  tiie  sampling  frequency  (fe). 

Plot  7:  Observe  the  spectrum  of  the  PPM  signal. 

Label  the  Hz  value  of  tiie  sampling  frequency  (fe). 
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B .  Calculating  baseband  bandwidth 

Recall  diat  iKdiile  PAM  signals  have  a  baseband  bandwiddi  of  approximately  0.5/x, 
PPM  and  PWM  signals  have  l^ger  baseband  bandwidths,  fq>proximately  0.5/ri%tinM. 
Ctmsider  the  lisetime  of  the  pulses  in  your  modulated  signals  to  be  equal  to  the  step  sue  in 
die  time  vectoc 

Question  4:  Using  the  above  approximations,  calculate  the  baseband 

bandwidtiis  for  the  PAM,  PWM  and  PPM  signals.  Do  these 
values  reflect  what  you  observe  in  the  spectral  plots?  Note  any 
discrepancies. 
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EO  3513  Computer-aided  Laboratory  4 
Analog-to-Digital  Conversion  and  Digital  Encoding 

This  laboratory  requires  the  Communications  Toolbox  for  use  with  MATLAB.  The 
toolbox  functions  are  available  on  disk  for  use  on  both  PC  and  Macintosh  platforms.  Users 
should  employ  the  “help”  feature  in  MATLAB  for  information  about  the  functions,  or 
consult  the  users*  guide. 

The  m-file  for  this  laboratory  is  “lab4scr.m.”  It  may  be  helpful  to  print  the  m-file  for 
reference  before  running  the  script. 


Part  1 — Observe  the  quantization  process  and  the  effect  of  quantization 
noise 


A .  Generating  the  signal 

You  will  be  observing  the  quantization  process  on  the  following  message  signal: 

ts=0:.0001 : 1;  %time  vector  to  one  second 

s=5*cos(2*pi*50*t)+4*cos(2*pi*90*t);  %signal 

The  function”quantize.m”  is  used  both  to  set  the  characteristic  for  a  bipolar 
quantization  system,  and  to  quantize  input  signals.  You  will  first  be  observing  a  5-bit 
bipolar  offset  converter  that  will  quantize  signals  at  values  between  - 10  and  +10  volts. 

B .  Evaluate  the  converter 
Run  the  script  “lab4scr.m.” 

Plot  1:  Observe  the  quantization  characteristic  for  the  converter. 
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Qiiestioii  1:  Calculate  die  following  values  relating  to  the  quantization 
characteristic  for  this  ^stem: 

dynamic  range 
actual  step  sue 
actual  relation 
percentage  resolution 
number  of  levels 

Would  you  describe  this  quantizer  as  **niid>step,**  or  *^d- 
treaiT? 

C.  Ounpaie  the  sampled  and  quantized  signals 

Signals  are  typically  sampled  prior  to  qoantiring/’Flattop.m”  is  used  to  sample  the 
signal  at  a  rate  of  200  Hz  with  a  duty  cycle  of  0.5. 

Press  return  to  continue. 

Plot  2:  Observe  tiie  sampled  signal  plotted  over  die  message  signal. 

The  si^al  is  then  quantized  at  tiie  same  rate,  200  Hz.  The  quantized  signal  is 
assigned  a  bin  number  for  each  sample.  Bin  numbers  for  this  quantized  signal  range  from  0 
to  31. 

Plot  3:  Observe  the  quantized  tignal  plotted  over  the  sampled  signal. 

From  the  command  window,  obtain  the  vtdtage  value  for  eadi 
level  of  the  converter  (^quanch^y”),  and  die  bin  numbers  for 
the  first  6  samples  in  the  plot  (*1bin_noms*’). 

Question  2:  List  the  amplitude  (^olt^e**)  of  die  quantized  signal  In  eadi 
of  the  first  6  sampling  periods. 

D.  Measuring  the  quantization  noise 

The  difference  between  the  message  signal  and  die  quantized  signal  is  referred  to  as 
“quantization  noise’ —noise  introduced  by  quantization  process.  The  function  “snr^m” 
returns  the  signal  to  noise  ratio,  measured  in  dB. 

Press  return  to  continue. 

Plot  4:  Observe  the  quantized  signal  plotted  over  the  mess^e  signal. 

Question  3:  From  Plot  4,  obtain  the  value  of  the  signal-to-nolse  ratio  for 
the  quantized  dgnal.  Record  diis  value. 
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Part  2 — Observe  the  process  of  PCM  (pulse  code  modulation)  encoding 


A.  CSeneratiAg  a  binaiy-encoded  signal 

The  functi(Hi  “eiicode.m”  is  used  to  convert  *‘bin_nums,"  the  vector  returned  from 
“quantize jn”  containing  the  quantization  levels,  to  “codedsig,”  a  bitstream  of  I’s  and  O’s. 

The  vector  “codedsig”  is  passed  to  the  frinctions  “nrzluni.m,"  *‘izunlm,”  and 
^‘manchestm,”  which  translate  the  bitstream  into  PCM  si^ials. 

In  order  for  these  PCM-encoded  signals  to  transmit  infrmnation  at  the  same  rate  as  die 
sampled  signal,  die  bit  rate  of  the  PCM  signals  must  be  times  gs  high  as  the  sampling 
rate  (1000  vice  200)  in  order  to  effidendy  transmit  the  five  bits  (elements)  used  in  the 
encoding  scheme. 

One-sided  spectral  plots  are  generated  using  the  function  “spectraLm." 

B .  Generating  a  non-retum-to-zero  level  (NRZL)  unipolar  coded  signal 
Press  return  to  continue. 

Plot  5:  Observe  the  NRZL  uniptrfar  coded  signal  plotted  over  tihe 

quantized  signal. 

Plot  6:  Observe  an  expanded  view  of  die  first  two  words  of  the  NRZL 

unipolar  coded  signal. 

Label  die  bit  values  (0  or  1)  in  diese  two  words.  (Refer  to 
**bin_nunis’*  for  the  base  10  values.) 

Press  return  to  continue. 

Plot  7:  Observe  the  NRZL  uniptdar  coded  signal  spectrum.  Note  die 

DC  value  present  in  the  spectrum. 

C.  Generating  a  retum-to-zero  level  (RZL)  unqxilar  coded  signal 
Press  return  to  continue. 

Plot  8:  Observe  the  RZL  unipolar  coded  signal  plotted  over  the 

quantized  signal. 

not  9:  Observe  an  expanded  view  of  die  third  and  fourth  words  of  the 

RZL  unipolar  coded  si^ral. 

Label  die  bit  values  (0  or  1)  in  diese  two  words. 
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Press  return  to  continue. 

Plot  10:  Obsenre  the  RZL  unipolar  coded  signal  spectrum. 

D.  Oeneiadng  a  mancfaesiBr  coded  signal 
Press  return  to  continue. 

Plot  11:  Observe  the  manchester  coded  signal  plotted  over  the  quantized 

signal. 

Plot  12:  Observe  an  ezpanded  view  of  die  fifth  and  sixth  words  of  die 

manchester  coded  signal. 

Label  die  bit  values  (0  or  1)  in  these  two  words. 

Press  return  to  continue. 

Plot  13:  Observe  the  manchester  coded  signal  spectrum.  Note  die 

alraence  of  DC  value  present  in  Ae  spectrum. 

Question  4:  From  die  command  window,  obtain  the  first  30  values  of 

"codedsig.**  Record  these  values.  Is  this  Ut  pattern  reflected 
on  Plots  6,  9,  and  12? 

Press  return  to  continue. 

Question  5:  Describe  the  dlstingulshliig  characteristics  of  each  encoding 
scheme: 

NRZL  unipolar 
RZL  unipolar 
manchester 

E.  Estimate  bandwidth  for  the  PCM  signals 

Ihe  minimum  tiieoietical  PCM  bandwidtii  for  sine-shaped  pulses  is  B*N,  the 
baseband  message  signal  bandwidtii  times  the  number  of  element^its).  Rectangular 
pulses  tbeoretic^y  lequiie  an  infinite  bandwidth,  but  can  be  estiniated  based  on  x,  the 
pulse  duiatitm: 


B=0.5/t 

Ihe  value  of  x  depends  on  tiie  PCM  encoding  scheme  employed.  Fbr  NRZL  coded 
signals,  x  is  equal  to  tiie  bit  duration.  For  RZL  and  manchester  cod^  signals,  x  is  equal  to 
of  the  bit  duration. 
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Question  6:  Cnloilate  tiie  approxinuite  baseband  bandwiddi  for  die  PCM 
signals: 

NRZL  unipolar  coded  signal 
RZL  and  manchester  coded  signals 

Do  these  values  reflect  what  you  observe  in  the  spectral  plots? 


Part  3 — Observe  the  ^ects  of  companding  on  the  quantization  process 


A.  Generadi^  a  signal 

Tbe  effects  of  the  companding  process  will  be  observed  v^n  the  following  signal: 
4):.0001:0.1;  %time  vector  to  0.1  seconds 

s=2+2.1*cos(2*pi*50*t)+1.7*cos(4*pi*50*t)+1.5*cos(6*pi*50*t);  %signal  for 
companding 

s=s+l  .3*cos(8*pi*50*t); 

Press  return  to  continue. 

Plot  14:  Observe  the  plot  of  the  message  signal.  Notice  the  low>level 

rignal  activity. 

B .  Sampling  and  quantizing  fee  signal  (without  companding) 

The  signal  is  sampled  using  'Hattop.m”  at  a  rate  of  1500  Hz  with  a  duty  cycle  of  0.5. 
Press  return  to  continue. 

Plot  14:  Observe  the  sampled  signal  plotted  over  the  message  signal. 

This  sampled  signal  is  quantized  using  fee  fonction  “quantunim.”  This  unipolar 
quantizing  fun^cm  acc^ts  signals  between  0  and  10  volts,  and  uses  truncation  rather  than 
rounding.  The  characteristic  ot  a  3-bit  binary  ctmverter  is  achieved  by  passing  in  two 
symbols  and  three  elements,  resulting  in  8  levds.  The  function  “snrm”  is  used  to  calculate 
fee  signal  to  noise  ratio. 

Plot  15:  Observe  the  quantized  signal  plotted  over  the  sampled  signal. 

Notice  tile  changes  in  tiie  signal  level  that  are  not  captured  by 
the  converter. 

Press  return  to  continue. 
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Plot  16:  Observe  tiie  message  signal  plotted  over  die  quantized  signal. 

Question  7:  From  Plot  16,  obtain  tbe  value  of  die  dgnal-to-iudse  rado  for 
die  quantized  signal.  Record  this  value. 

C.  OMnpareccMniHession  characteristics  for  values  of  mu 

Companding  (the  i»ocess  of  compressing,  then  expanding)  improves  the  quantization 
process  by  [nopoitioning  signals  that  s^d  most  of  die  time  in  die  lower  range  of  the 
dynamic  range.  The  fusions  “compressjn**  ami  “expandm”  simulate  a  mu-25S 
compander.  Values  of  mu  range  from  Ito  255. 

‘*ComprBss.m”  will  be  used  to  compress  die  signal  two  separate  times. 

Press  return  to  continue. 

Plot  17:  Observe  die  plot  of  the  message  signal,  compressed  with  a 

value  of  mu  =  255. 

Plot  18:  Observe  the  plot  of  the  message  signal,  compressed  with  a 

value  of  mu  =  10. 

Question  8:  What  is  the  effect  of  compression  on  the  signal? 

D.  Sampling  and  quantiring  die  compressed  signal 

The  compressed  rignal  (mu  s  10)  is  sampled  at  a  rate  of  1S(X)  Hz  with  a  duty  cycle  of 
0.5. 


Press  return  to  continue. 

Plot  19:  Observe  the  sampled  compressed  signal  plotted  over  the 

compressed  message  signal. 

The  sampled  compressed  signal  is  quantized  at  a  rate  of  1500  Hz,  again  using  the 
characterisdc  of  a  3-bit  craiveitei: 

Plot  20:  Observe  the  quantized  compressed  signal  plotted  over  the 

sampled  compressed  signal. 

E.  Expanding  die  quantized  compressed  signal 

The  function  “expand.m”  is  used  to  expand  the  quantized  compressed  signal 

Press  return  to  continue. 
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Plot  21: 
Question 


Observe  the  companded  signal  plotted  over  the  message  signal. 

From  Plot  21,  obtain  the  value  of  the  signal-to-ndse  ratio  for 
the  companded  signal.  Record  this  value  and  compare  it  to  the 
ratio  obtained  in  Question  7.  Did  the  companding  process 
reduce  the  amount  of  quantization  noise? 
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Name: 


Section:  _ 

EO  3513  Computer-aided  Laboratory  5 
Amplitude  Modulation  Double  Sideband  (AM  DSB ) 


This  laboratory  requires  the  Communications  Toolbox  for  use  with  MATLAB.  The 
toolbox  functions  are  available  on  disk  for  use  on  both  PC  and  Macintosh  platforms.  Users 
should  employ  the  “help”  feature  in  MATLAB  for  information  about  the  functions,  or 
consult  the  users’  guide. 

The  m-£ile  for  this  laboratory  is  “lab5scr.m.”  It  may  be  helpful  to  print  the  m-file  for 
reference  before  mnning  the  script 


Part  1 — Observe  the  double  sideband  amplitude  modulation  (AM  DSB) 
process  using  a  single-tone  input 


A.  Generating  the  signal  and  spectrum 

You  will  be  observing  the  AM  DSB  process  on  the  following  single-tone  message 
signal: 


t=0:.0001:l;  %time  vector  to  one  second 

s=  1 5*cos(2*pi*  1 50*t);  %single-tone  signal 

Parseval’s  theorem  states  that  average  signal  power  can  be  calculated  in  either  the  time 
or  the  frequency  domain.  The  following  formda  applies  to  calculation  in  the  time  domain: 

P  =  V+ii(AN*+BN=) 


Peak  power  is  calculated  as  follows: 
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Question  1:  Calculate  the  following  values  for  tfie  single<tone  message 
signal: 

peak  power 
averi^e  power 
baseband  bandwidth 

Run  the  script  **lab5scr.m.** 

Plot  1:  Observe  the  message  signal. 

“Spectral.ni”  is  used  to  generate  spectra. 

Plot  2:  Observe  the  spectrum  of  the  message  signal. 

Label  the  following  values: 

Hz  value  of  the  sp^rtral  component 
amplitude  of  the  spectral  component 
baseband  signal  bandwidth  in  Hz 

B .  Observe  the  single-tone  AM  DSB  signal 

The  message  signal  is  modulated  by  multiplying  it  with  a  cosine  with  a  carrier 
frequency  of  2000  Hz. 

Peak  power  for  tiie  AM  DSB  signal  is  calculated  as  before: 


Average  power  for  the  AM  DSB  signal  is  obtained  using  by  adding  the  power 
produced  by  each  of  the  two  components,  resulting  in 


4 


Question  2:  Predict  the  following  values  for  the  single-tone  AM  DSB 
signal: 

peak  power 
average  power 
transmission  bandwidth 

Press  return  to  continue. 

Plot  3:  Observe  the  plot  of  the  AM  DSB  signal. 
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Plot  4:  Observe  an  expanded  view  of  the  AM  DSB  signal. 

LaJzfil  the  phase  shifts  shown  in  this  portion  of  the  signal. 

C.  \ferify  the  power  and  bandwidth  of  tlu  AM  DSB  signal 

Average  power  was  calculated  in  the  time  domain;  it  will  be  verified  in  the  frequency 
domain.  The  function  '‘psd.m”  is  used  to  generate  die  power  spectral  density  of  the 
modulated  signal.  The  power  levels  associated  with  each  frequency  are  added  using  the 
“sum”  command  to  produce  average  signal  power. 

Press  return  to  continue. 

Plot  5:  Observe  the  AM  DSB  signal  spectrum. 

Label  the  following  values: 

amplitude  of  each  spectral  component 
Hz  value  of  each  spectral  component 
transmission  bandiddth  in  Hz 

Plot  6:  Observe  the  AM  DSB  power  spectral  density. 

Question  3:  From  Plot  6,  obtain  the  values  representing  peak  and  average 
power  for  the  signal-tone  signal,  and  record  them. 

Do  your  calculations  for  bandwidth  and  power  agree  with  the 
computer-generated  values  and  spectrum? 

D.  Observe  the  recovery  of  the  AM  DSB  signal 

AM  DSB  signals  are  recovered  using  a  duee-step  process: 

1 )  Modulate  the  DSB  signal  by  the  carrier  (called  “demodulation”) 

2)  Use  a  lowpass  filter  to  recover  die  signed  ftequeixties  in  the 
baseband 

3)  Multiply  by  a  factor  of  2  to  restore  signal  amplitude 

The  function  “tecoverm.m”  is  used  to  lowpass-fdter  the  baseband  frequencies  with  a 
cutoff  frequency  of  160  Hz.  In  this  “perfect  system  ”  you  will  observe  an  almost  perfect 
recovery. 

Question  4:  Why  Is  coherent  detection  (detection  using  the  carrier) 
necessary  for  an  AM  DSB  signal? 

Press  return  to  continue. 
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Plot  7:  Observe  the  demodulated  AM  DSB  signal  (prior  to  filtering). 

Plot  8:  Observe  the  AM  DSB  recovered  signal  plotted  over  the 

message  signal. 

Press  return  to  continue. 

Plot  9:  Observe  the  recovered  amplified  AM  DSB  signal  plotted  over 

the  message  signal. 

Press  return  to  continue. 

“Cmplxenv.m”  is  used  to  perform  an  envelope-detection  on  the  AM  DSB  signal, 
dempnstrating  the  result  of  using  an  inappropriate  (tetecdon  method. 

Plot  9:  Observe  the  expanded  view  of  the  AM  DSB  signal  and  message 

signal. 

Press  return  to  view  the  envelope-detected  signal. 

Part  2— Observe  the  double  sideband  amplitude  modulation  (AM  DSB) 
process  using  a  multi-tone  input 

A.  Generating  the  signal  and  spectrum 

Next  you  will  be  observing  the  AM  DSB  process  on  the  following  multi-tone 
message  signal: 

s=10*cos(2*pi*350*t)+12*cos(2*pi*220*t)+20*cos(2*pi*100*t);  %multi-tone  signal 
Press  return  to  continue. 

Plot  10:  Observe  the  multi-tone  message  signal. 

Plot  11:  Observe  the  spectrum  of  the  message  signal. 

Label  the  following  values  for  the  message  signal: 

Hz  value  of  each  spectral  component 
amplitude  of  each  spectral  component 
baseband  bandwidth  in  Hz 
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B .  Observe  die  multi-tone  AM  DSB  signal  and  spectrum 

The  message  signal  is  again  modulated  by  multiplying  it  witii  a  cosine  witii  a  carrier 
frequency  of  2000  Hz. 

Press  return  to  continue. 

Plot  12:  Observe  the  plot  of  the  AM  DSB  signal. 

Plot  13:  Observe  an  expanded  view  of  the  AM  DSB  signal. 

Label  the  phase  shifts  shown  in  this  portion  of  the  signal 
Press  return  to  continue. 

Plot  14:  Observe  the  AM  DSB  signal  spectrum. 

Label  the  following  values: 

Hz  value  of  each  spectral  component 
amplitude  of  each  spectral  component 
transmission  bandwidth  in  Hz 

C.  Observe  the  recovery  of  tile  AM  DSB  signal 

The  three-step  recovery  process  is  repealed  to  recover  the  multi-tone  AM  DSB  sv<>naL 
The  ideal  lowpass  filter  has  a  cutoff  frequency  of  360  Hz. 

Press  return  to  continue. 

Plot  15:  Observe  the  demodulated  AM  DSB  signal  (prior  to  filtering). 

Plot  16:  Observe  the  AM  DSB  recovered  signal  plotted  over  the 

message  signal. 

Press  return  to  continue. 

Plot  16:  Observe  the  recovered  amplified  AM  DSB  signal  plotted  over 

the  message  signal. 
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Name: 

Section: 


EO  3513  Computer-aided  Laboratory  6 
Amplitude  Modulation  Single  Sideband  (AM  SSB ) 


This  laboratory  requires  the  Communications  Toolbox  for  use  with  MATLAB.  The 
toolbox  functions  are  available  on  disk  for  use  on  both  PC  and  Macintosh  platforms.  Users 
should  employ  the  “hdp”  feature  in  MATLAB  for  information  about  the  functions,  or 
consult  the  users’  guide. 

The  m-file  for  this  laboratory  is  “lab6scr.m.”  It  may  be  helpful  to  print  the  m-file  for 
reference  before  running  the  script 


Fan  1 — Observe  the  single  sideband  amplitude  modulation  (AM  SSB) 
process  using  a  single-tone  input 


A.  Generating  the  signal  and  spectrum 

You  will  be  observing  the  AM  SSB  process  on  the  following  single-tone  message 
signal: 

t=0:.0001 : 1 ;  %time  vector  to  one  second 

s=15*cos(2*pi*130*t);  %single-tone  signal 

Parseval’s  theorem  states  that  average  signal  power  can  be  calculated  in  either  the  time 
or  the  frequency  domain.  The  following  formula  applies  to  calculation  in  the  time  domain: 

•’= v+^f;(AN'+BN‘) 


Peak  power  is  calculated  as  follows: 
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Question  1:  Calculate  the  following  values  for  the  single-tone  message 
signal: 

peak  power 
average  power 
baseband  bandwidth 

Run  die  script  "labdscr.m.** 

Plot  1:  Observe  the  message  signal. 

“Spectral.m”  is  used  to  generate  spectra. 

Plot  2:  Observe  the  spectrum  of  die  message  signal. 

Label  the  following  values  for  the  message  signal: 

Hz  value  of  the  spectral  component 
amplitude  of  the  spectral  component 
baseband  signal  bandwidth  in  Hz 

B .  Observe  the  single-tone  AM  SSB  signals  and  spectra 

Single  sideband  modulation  could  be  accomplished,  in  theory,  by  double  ^deband 
modulation  followed  by  filtering  of  unwanted  ficquencies.  In  practice,  however,  retaining 
one  sideband  while  rejecting  the  other  is  a  complex  procedure.  In  this  laboratory,  a  Hilbert 
transform,  simulated  by  die  fimction  ‘liilbatm,”  w^  be  used  to  apply  a  90*^  phase  shift  to 
the  signal,  cancelling  either  die  upper  or  lower  sideband. 

“Hilbeitm”  is  called  by  the  function  “ssb.m,”  which  is  used  to  generate  the  lower 
and  upper  sideband  signals  at  a  carrier  fiequency  of  3000  Hz. 

Peak  power  for  the  AM  SSB  signal  is  calculated  as  before; 


Average  power  for  the  AM  SSB  signal  is  calculated  as  follows: 


2 


An  examination  of  die  AM  SSB  signal  plots  will  confirm  diat  the  signal  maximum  in 
an  AM  SSB  signal  is  half  of  the  signal  maximum  in  its  message  signal 
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Question  2:  Predict  the  following  values  for  the  single*tone  AM  SSB 
signal: 

peak  power 
average  power 
bandwidth 

Press  return  to  continue. 

Plot  3:  Observe  the  plot  of  the  AM  lower  sideband  (LSB)  signal. 

Plot  4:  Observe  an  expanded  view  of  the  AM  LSB  and  message 

signals. 

Press  return  to  continue. 

Plot  5:  Observe  the  plot  of  the  AM  upper  sideband  (USB)  signal. 

Plot  6:  Observe  an  expanded  view  of  the  AM  USB  and  message 

signals. 

C.  Verify  the  power  and  bandwidth  of  the  AM  SSB  signals 

Average  power  was  calculated  in  the  time  domain;  it  will  be  verified  in  the  frequency 
domain.  The  function  ‘*psd jn”  is  used  to  generate  the  power  spectral  density  of  the 
modulated  signals.  The  power  levels  associated  with  each  frequency  are  added  using  the 
“sum”  command  to  produce  average  signal  power 

Press  return  to  continue. 

Plot  7:  Observe  the  AM  LSB  signal  spectrum. 

Label  the  following  values: 

amplitude  of  each  spectral  component 
Hz  value  of  each  spectral  component 
bandwidth  in  Hz 

Plot  8:  Observe  the  AM  USB  signal  spectrum. 

Label  the  following  values; 

amplitude  of  each  spectral  component 
Hz  value  ct  each  spectral  component 
bandwidth  in  Hz 

Press  return  to  continue. 
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not  9:  Observe  the  AM  LSB  power  spectral  density. 

Plot  10:  Observe  die  AM  USB  power  spectral  density. 

Question  3;  From  Hots  9  and  10,  obtain  the  values  representing  peak  and 
average  power  for  the  signal-tone  signal,  and  record  diem. 

Do  your  calculations  for  bandwiddi  and  power  agree  with  die 
computer-generated  values  and  spectrum? 

D.  Observe  the  recovery  of  the  AM  SSB  signals 

AM  SSB  agnals  are  recovered  using  a  three-step  process: 

1)  Modulate  the  SSB  agnal  by  the  carrier  (called  “demodulation”) 

/  2)  Use  a  lowpass  filter  to  recover  the  signal  frequencies  in  the 

bareband 

/  3)  Multiply  by  a  factor  of  4  to  restore  signal  amplitude 

/  The  function  “recoverm.m”  is  used  to  lowpass-filter  the  baseband  frequencies  widi  a 
cutoff  ffequency  of  ISO  Hz.  In  this  “perfect  system,”  you  will  observe  an  almost  perfect 
/recovery. 

/  Press  return  to  continue. 

j  Plot  11:  Observe  die  demodulated  AM  LSB  signal  (prior  to  filtering). 

/  Plot  12:  Observe  the  demodulated  AM  USB  signal  (prior  to  filtering). 

Press  return  to  continue. 

Plot  13:  Observe  the  AM  LSB  recovered  signal  plotted  over  the 

message  signal. 

Press  return  to  continue. 

Plot  13:  Observe  the  recovered  amplified  AM  LSB  signal  plotted  over 

the  message  signal. 

not  14:  Observe  die  AM  USB  recovered  signal  plotted  over  the 

message  signal. 

Press  return  to  continue. 

not  14:  Observe  the  recovered  amplified  AM  USB  signal  plotted  over 

the  message  signal. 
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Part  2-^bserve  the  AM  SSB  process  using  a  multi-tone  input 


A.  Generatiog  die  signal  and  spectrum 

Next  you  will  be  observing  die  AM  SSB  process  on  die  following  multi-tone 
message  si^ial: 

s=5*cos(2*pi*400*t)+12*cos(2*pi*230*t)+20*cos(2*pi*170*t);  %multi-tone  signal 

Press  return  to  continue. 

Plot  15:  Observe  the  message  signal. 

Plot  16:  Observe  the  spectrum  of  the  message  signal. 

Label  the  following  values  for  die  message  signal: 

Hz  value  of  eadi  spectral  component 
amplitude  of  each  spectral  component 
baseband  bandwidth  in  Hz 

B.  Observe  the  multi-tone  AM  SSB  signals  and  plectra 

The  message  signal  is  modulated  by  the  function  “ssb.m”  at  carrier  frequency  of 
3000  Hz. 

Press  return  to  continue. 

Plot  17:  Observe  tiie  plot  of  the  AM  LSB  signal. 

Plot  18:  Observe  an  expanded  view  of  the  AM  LSB  and  message 

signals. 

Press  return  to  continue. 

Plot  19:  Observe  the  plot  of  the  AM  USB  signal. 

Plot  20:  Observe  an  expanded  view  of  the  AM  USB  and  message 

signals. 

Press  return  to  continue. 
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Plot  21:  Observe  tbe  AM  LSB  signal  spectrum. 

Label  the  following  values: 

Hz  value  of  each  spectral  component 
amplitude  of  each  spectral  component 
ba^width  in  Hz 

Plot  22:  Observe  the  AM  USB  signal  spectrum. 

Label  the  following  values: 

Hz  value  of  each  spectral  component 
amplitude  of  each  q;>ectral  component 
bandwidth  in  Hz 

C.  Observe  the  recovery  of  the  AM  SSB  signals 

The  three-step  recovery  process  is  repeated  to  recover  the  multi-tone  AM  SSB 
signals.  The  ideal  lowpass  ^ter  has  a  cutoff  ffequency  of  420  Hz. 

Press  return  to  continue. 

Plot  23:  Observe  die  demodulated  AM  LSB  signal  (prior  to  filtering). 

Plot  24:  Observe  the  AM  LSB  recovered  signal  plotted  over  the 

message  signal. 

Press  return  to  continue. 

Plot  24:  Observe  the  recovered  amplified  AM  LSB  signal  plotted  over 

the  message  signal. 

Press  return  to  continue. 

Plot  25:  Observe  the  demodulated  AM  USB  signal  (prior  to  filtering). 

Plot  26:  Observe  the  AM  USB  recovered  signal  plotted  over  the 

message  signal. 

Press  return  to  continue. 

Plot  26:  Observe  the  recovered  amplified  AM  USB  signal  plotted  over 

the  message  signal. 
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EO  3513  Computer-aided  Laboratory  7 
Conventional  Amplitude  Modulation 
(Conventional  AM) 

This  laboratory  requires  the  Communications  Toolbox  for  use  with  MATLAB.  The 
toolbox  functions  are  available  on  disk  for  use  on  both  PC  and  Macintosh  platfcsms.  Users 
should  employ  the  “help”  feature  in  MATLAB  for  information  about  the  functions,  or 
consult  the  users’  guide. 

The  m-file  for  this  laboratory  is  “lab7scr.m.”  It  may  be  helpful  to  print  the  m-file  for 
reference  before  running  the  script 

Part  1 — Observe  the  conventional  amplitude  modulation  (conventional 
AM)  process  using  a  single-tone  input 

A.  Generating  the  signal  and  spectmm 

You  will  be  observing  the  conventional  process  on  the  following  single-tone  message 
signal: 

t=0:0,0001 ;  1 ;  %time  veaor  to  one  second 

s=cos(2*pi*  1 50*t);  %single-tone  signal 

Parseval’s  theorem  states  that  average  signal  power  can  be  calculated  in  either  the  time 
or  the  frequency  domain.  The  following  formttia  applies  to  calculation  in  the  time  domain: 

P  =  V+ii(AN’+BN') 


Peak  power  is  calculated  as  follows: 
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Question  1:  Calculate  the  following  values  for  the  single-tone  message 
signal: 

peak  power 
average  power 
baseband  bandwidth 

Run  die  script  *1ab7scr.m.*’ 

Plot  1:  Observe  the  message  signal. 

“Spcctral.m”  is  used  to  generate  spectra. 

Plot  2:  Observe  the  spectrum  of  the  message  signal. 

Label  the  following  values  for  the  message  dgnal: 

Hz  v^ue  of  tile  spectral  component 
amplitude  of  the  spectral  component 
baseband  signal  bandwidth  in  Hz 

B .  Observe  die  conventional  AM  signal  and  spectrum 

Hic  function  “conv_am.m”  is  used  to  normalize  the  message  signal  and  modulate  it 
with  a  carrier  frequency  of  2000  Hz  and  a  modulation  index  of  0.8.  Notice  that  this 
message  signal  has  an  amplitude  of  1  (normalization  unnecessary). 

Peak  power  for  the  single-tone  conventional  AM  signal  is  calculated  as  follows: 

Pp  =  (l+m)2Pc 

where  P,.  is  the  average  power  of  the  canier 

Average  power  for  the  single-tone  conventional  AM  signal  is  raV^ilated  as  follows: 


where  P^.  is  the  average  power  of  the  carrier 
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Question  2:  Predict  the  foilowing  values  for  the  single-tone  conventional 
AM  signal: 

peak  power 
average  power 
bandwidth 

Press  return  to  continue. 


Plot  3:  Observe  the  plot  of  the  conventional  AM  signal. 


Amplitude  of  the  spectral  components  in  die  sidebands  of  the  conventional  AM  signal 
can  be  calculated  as 


mA/2 


where  m  is  the  modulation  index  and  A  is  die  amplitude  of  the  signal  tone.  The  amplitude 
of  the  spectral  component  representing  the  carrier  is  equal  to  the  amplitude  of  d»  carrier. 


Plot  4:  Observe  the  conventional  AM  signal  spectrum. 

Label  the  following  values: 

amplitude  of  each  spectral  component 
Hz  v^ue  of  each  spectral  component 
bandwidth  in  Hz 

C.  \^riiy  die  power  and  bandwidth  of  die  conventional  AM  signal 

Average  power  was  calculated  in  the  time  domain;  it  will  be  verified  in  die  frequency 
domain.  The  function  “psd.m”  is  used  to  generate  the  power  spectral  density  of  the 
modulated  signal  The  power  levels  associated  with  each  fiequency  are  added  usmg  the 
“sum”  cormnand  to  produce  average  signal  power. 

Press  return  to  continue. 

Plot  5:  Observe  the  single-tone  conventional  AM  power  spectral 

density. 

Question  3:  From  Plot  5,  obtain  the  values  representing  peak  and  average 
power  for  the  single-tone  conventional  AM  signal,  and  record 
them. 

Do  your  calculations  for  bandwiddi  and  power  agree  with  the 
computer-generated  values  and  spectrum? 

The  power  contained  in  the  carrier  of  a  conventional  AM  signal  is  sometimes  referred 
to  as  “wasted”  because  it  conveys  no  information  fiom  srader  to  receiver: 
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Question  4:  Refer  to  Plot  5  and  estimate  the  percentage  of  power  contained 
in  the  carrier.  What  might  be  an  advantage  of  having  this 
amount  oi  power  transmitted  in  the  carrier  as  oppo^  to 
transmission  in  the  sidebands? 

D.  Observe  die  recovery  and  detection  of  die  ^gle-tone  conventional  AM  signal 

Conventional  AM  signals  are  recovered  via  use  of  a  bandpass  filter  and  envelope 
detectoc 

The  function  “recovenn.m”  is  used  to  bandpass-filter  the  signal  between  the 
fiequencies  of  1800  and  2200  liz.  Filtering  is  followed  by  envelope  detection.  The 
fiu^on  “envelope.m“  detects  the  complex  magnitude  of  the  conventional  AM  signal, 
I»oducing  a  highly  accurate  envelope  detectiotL 

Press  return  to  continue. 

Plot  6:  Observe  an  expanded  view  of  the  envelope-detected  signal 

plotted  over  the  conventional  AM  signal. 

The  DC  value  is  subtracted  from  the  detected  signal,  which  is  then  divided  by  the 
modulation  index  ‘te.” 

Plot  7:  Observe  an  expanded  view  of  the  modified  envelope-detected 

signal. 

Press  return  to  view  the  message  signal. 


Part  2 — Observe  the  ejfect  of  overmodulating  the  conventional  AM  signal 


A.  Observe  the  overmodulated  conventional  AM  signal 

The  function  “conv_am.m”  is  used  to  overmodulated  the  single-tone  signal  at  a  carrier 
frequency  of  2000  Hz  and  a  modulation  index  of  1.5. 

Press  return  to  continue. 

Plot  8:  Observe  the  single-tone  overmodulated  conventional  AM 

signM. 

Plot  9:  Observe  the  spectrum  of  die  single-tone  overmodulated 

conventional  AM  signal. 
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B.  Observe  the  effect  of  overmodulation  on  signal  recovery 

Question  5:  What  result  of  overmodulation  prevents  the  use  of  an  envelope 
detector  for  the  conventional  AM  signal? 

Question  6:  What  type  of  detection  is  needed  for  an  ovennoduiated 
conventionai  AM  signal?  Why? 

The  function  "Yecoverra.m”  is  used  to  bandpass-filter  the  signal  between  the 
frequencies  of  1800  and  2200  Hz,  followed  by  envelope  detection. 

Press  return  to  continue. 

Plot  10:  Observe  an  expanded  view  of  the  envelope-detected  signal 

plotted  over  the  overmodulated  conventional  AM  signal. 

The  DC  value  is  subtracted  from  the  detected  signal,  which  is  then  divided  by  the 
modulation  index  “m.” 

Plot  11:  Observe  an  expanded  view  of  the  modified  overmodulated 

envelope-detected  signal. 

Press  return  to  view  the  message  signai. 

Label  the  recovered  signal. 

Part  3 — Observe  the  conventional  AM  process  using  a  multi-tone  input 

A.  Generating  the  signal  and  spectrum 

Next  you  will  be  observing  the  conventional  AM  process  on  the  following  multi-tone 
message  signal: 

s=5*cos(2*pi*  100*t)+4*cos(2*pi*300*t)+3*cos(2*pi*4(X)*t);  %multi-tone  signal 

Press  return  to  continue. 

Plot  12:  Observe  the  message  signal. 

Plot  13:  Observe  the  spectrum  of  the  message  signal. 

Label  the  following  values  for  the  message  signal: 

Hz  value  of  each  spectral  component 
baseband  bandwidA  in  Hz 
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B .  Observe  the  multi-tone  conventional  AM  signal  and  spectrum 

The  function  “conv_am.m“  is  used  to  normalize  the  message  signal  and  modulate  it 
with  a  carrier  frequency  of  2000  Hz  and  a  modulation  index  of  0.5. 

Press  return  to  continue. 

Plot  14:  Observe  the  plot  of  the  multi-tone  conventional  AM  signal. 

Plot  15:  Observe  the  spectrum  of  the  multi-tone  conventional  AM 

signal. 

Label  the  following  va’  les: 

Hz  value  of  each  spectral  component 
bandwidth  in  Hz 

C.  Observe  the  recovery  and  detection  of  the  multi-tone  conventional  AM  signal 

The  conventional  AM  signal  is  bandpass-filtered  between  the  frequencies  of  1500  and 
2500  Hz  using  the  function  “recoverm.m followed  by  envelope  detection  using 
“envelope.m.” 

Press  return  to  continue. 

Plot  16:  Observe  an  expanded  view  of  the  envelope-detected  signal 

plotted  over  the  multi-tone  conventional  AM  signal. 

The  DC  value  is  subtracted  from  the  detected  signal,  which  is  then  divided  by  the 
modulation  index  “m.” 

Plot  17:  Observe  an  expanded  view  of  the  modified  envelope-detected 

multi-tone  signal. 

Press  return  to  view  the  message  signal. 
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EO  3513  Computer-aided  Laboratory  8 
Frequency  Modulation  (FM) 

This  laboratory  requires  the  Communications  Toolbox  for  use  with  MATLAB.  The 
toolbox  functions  are  available  on  disk  for  use  on  both  PC  and  Macintosh  platforms.  Users 
should  employ  the  “help”  feature  in  MATLAB  for  information  about  the  functions,  or 
consult  the  users’  guide. 

The  m-file  for  this  laboratory  is  “lab8scr.m.”  It  may  be  helpful  to  print  the  m-file  for 
reference  before  running  the  script. 


Part  1— Observe  the  FM  modulation  process  for  single-tone  input 


A.  Calculate  theoretical  average  power,  peak  power,  and  bandwidth  for  the  single-tone 
message  signal 

You  will  be  observing  the  frequency  modulation  (FM)  process  on  the  following 
signal: 

t=0:0.()001 : 1 ;  %time  vector  to  1  second 

s=15*cos(2*pi*50*t);  %single-tone  signal 

Parseval’s  theorem  states  that  average  signal  power  can  be  calculated  in  either  the  time 
or  the  frequency  domain.  The  following  formula  applies  to  calculation  in  the  time  domain; 

•’  =  V+^i(AN'+BN“) 

Peak  power  is  calculated  as  follows; 


Question  1:  Calculate  the  following  values  for  the  single-tone  message 
signal: 

peak  power 
average  power 
baseband  bandwidth 
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B.  Observe  the  single-tone  message  »gnal  and  its  spectrum 
Run  die  script  **lab&cr.m.” 

Plot  1:  Observe  the  single-tone  message  signal. 

“Spectral.m”  is  used  to  generate  one-aded  spectra. 

Plot  2:  Observe  the  spectrum  of  the  single-tone  message  signal. 

Label  the  following  values  for  the  message  signal: 

Hz  value  of  the  spectral  component 
amplitude  of  the  spectral  component 
baseband  signal  bandwidth  in  Hz 

C.  Observe  the  process  of  FM  modulation 

The  function  “fm_piod.m”  is  used  to  frequency  modulate  the  message  signal  at  a 
carrier  frequency  of  1000  Hz  and  6  (beta)  eqo^  to  1.  (When  B  is  specified,  Af  is  returned, 
and  vice  versa.)  The  amplitude  of  the  returned  FM  signal  is  set  at  IS. 

Peak  power  is  calculated  as  before: 


The  average  power  of  the  FM  signal  is  calculated  as  follows: 

P  =  A2/2 

Recall  that  B  and  Af  are  related  in  that  B  fm  =  Af.  There  are  three  cases  for  estimating 
transmission  bandwidth,  depending  on  the  value  of  B: 

for  B  S  0.25  »  2  fm  (narrowband  FM) 

for  2.5  ^  B  <  10  By  «  2  (1  +  B)  fn,  (Carson’s  rule) 

for  B  ^  10  Bj.®  2  B  fn,  (wideband  FM) 

where  fo^  is  the  frequency  of  the  message  signal. 
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Question  2:  Predict  the  following  values  for  the  single-tone  FM  signal: 

peak  power 
average  power 

maxiniuni  frequency  deviation  Af 
transmission  band^dth 

Press  return  to  continue. 

Plot  3:  Observe  an  expanded  view  of  the  FM  signal  plotted  over  die 

message  signal.  Notice  tiie  firequency  behavior  of  the  FM 
signal  at  high  and  low  amplitudes  of  the  message  signal. 

D.  Observe  the  spectrum  of  the  FM  signal 
Press  return  to  continue. 

Plot  4:  Observe  the  spectrum  of  the  single-tone  FM  signal. 

Label  the  carrier  frequency  and  the  transmission  bandwidth. 

Label  Af  to  each  side  of  tiie  carrier  frequency. 

Question  3:  What  is  the  distance  between  the  sidebands  in  the  FM  spectrum 
shown  in  Plot  4? 

E.  Vsrify  the  power  and  bandwiddi  of  the  FM  signal 

Average  power  was  calculated  in  tl^  time  domain;  it  will  be  verified  in  die  frequency 
domain.  The  function  *‘psd.m”  is  used  to  generate  die  power  spectral  density  of  the 
modulated  signal.  The  power  levels  associated  with  each  frequency  ate  added  using  the 
**sum”  command  to  produce  average  signal  power: 

Plot  5:  Observe  the  single-tone  power  spectral  density. 

Question  4:  From  Plot  5,  obtain  the  values  representing  peak  and  average 
power. 

Do  your  theoretical  calculations  for  bandwidth  and  power 
agree  with  the  computer-generated  values? 

Question  5:  Consult  a  table  of  values  for  Bessel  functions  (or  use  the 

MATLAB  **besseP  function).  Calculate  the  amplitude  for  the 
spectral  components  shown  in  the  FM  spectrum  in  Plot  4  for  n 
=  0  through  6.  List  each  firequency  by  its  Hz  value  and 
sideband  number  n.  Values  should  be  consistent  witt  the 
amplitudes  shown  for  power  spectral  density  in  Plot  5. 
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F.  Controi  the  bandwidth  of  the  FM  signal  by  varying  6 

The  bandwidth  of  an  FM  signal  can  be  controlled  by  fixing  eidier  fi  or  Af.  The  single- 
tone  message  signal  will  be  firequency  modulated  four  times  with  a  carrier  frequency  of 
2500  Hz,  using  the  following  four  values  of  B:  0.1, 1. 5,  and  20. 

Question  6:  Calculate  the  maximum  frequency  deviation  Af  associated  with 
eadi  of  the  four  values  of  6: 


0.1 

1 

5 

20 

Question  7:  Predict  the  transmission  bandwidth  for  each  of  the  FM  signals 
referred  to  in  Question  6. 

Press  return  to  continue. 

Plot  6:  Observe  the  spectrum  of  the  FM  signal  for  B  =  0.1. 

Label  the  spectrum  with  die  transmission  bandwidth  calculated 
in  Question  7. 

Plot  7:  Observe  the  spectrum  of  the  FM  signal  for  B  =  1. 

Label  die  spectrum  widi  the  transmission  bandwidth  calculated 
in  Question  7. 

Press  return  to  continue. 

Plot  8:  Observe  the  spectrum  of  the  FM  signal  for  B  =  5. 

Label  die  spectrum  with  the  transmission  bandwidth  calculated 
in  Question  7. 

Plot  9:  Observe  the  spectrum  of  the  FM  signal  for  B  s  10. 

Label  die  spectrum  with  the  transmission  bandwidth  calculated 
in  Question  7. 
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Part  2-Observe  the  FM  modulation  process  for  multi-tone  input 


A.  Calculate  theoretical  average  power,  peak  power,  and  bandwidth  fra-  the  multi-tone 
message  signal 

You  will  next  be  observing  the  ftequency  modulation  (FM)  process  on  the  following 
signal: 

s=8*cos(2*pi*75*t)+12*cos(2*pi*25*t);  %multi-tone  signal 

Question  8:  Calculate  the  following  values  for  the  niulti>tone  message 
signal: 

peak  power 
average  power 
baseband  bandwidth 

B .  Observe  the  multi-tone  message  signal  and  its  spectrum 

Plot  10:  Observe  the  multi*tone  message  signal. 

Plot  11:  Observe  the  spectrum  of  the  multi-tone  message  signal. 

Label  the  following  values  for  the  message  signal: 

Hz  value  of  the  spectral  components 
amplitude  of  the  spectral  components 
baseband  signal  bandwidth  in  Hz 

C .  Observe  the  proces;^  of  FM  modulation 

The  function  **fm_mod.m”  is  used  to  freqirency  modulate  the  message  signal  at  a 
canim-  frequency  of  1500  Hz  and  B  (beta)  equal  to  1.  Ibe  amplitude  of  die  returned  FM 
signal  is  set  at  20.  When  working  with  multi-tone  signals,  f^  is  considered  to  be  equal  to 
the  highest  frequency  in  the  message  signal. 

Question  9:  Predict  the  following  values  for  die  multi-tone  FM  signal: 

peak  power 
average  power 

nuudmum  frequency  deviation  Af 
transmission  bandwidth 

Press  return  to  continue. 
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Plot  12:  Observe  an  expanded  view  at  die  FM  dgnal  fdotted  over  (be 

message  signal.  Notice  the  frequency  b^vior  of  the  FM 
signal  at  high  and  low  amplitudes  of  the  message  signal. 

D.  Ol^erve  die  spectrum  of  the  FM  signal 

Press  return  to  continue. 

Plot  13:  Observe  the  spectrum  of  the  multi-tone  FM  signal. 

Label  the  carrier  frequency  and  the  transmission  bandwidth. 


Question  10:  What  is  the  distance  between  the  sidebands  in  die  FM 
spectrum  diown  in  Plot  13? 

E.  Wrify  the  power  and  bandwidth  of  the  FM  signal 

Average  power  is  verified  in  the  frequency  domain  using  the  functimi  “psd.m’*  to 
generate  die  power  ^lectral  density  of  the  modulated  signal.  Ihe  power  levels  associated 
with  each  frequency  are  added  using  the  “sum”  command  to  produce  average  signal  power 

Plot  14:  Observe  die  muiti>tone  power  spectral  density. 

Question  11:  From  Hot  14,  obtain  the  values  representing  peak  and  average 
power. 

Do  your  dieoretical  caloilations  for  bandwidth  and  power 
agree  with  the  computer-generated  values? 

F.  Control  the  bandwiddi  of  die  FM  signal  by  varying  M 

The  multi-tone  message  signal  will  be  fre^  >  cy  modulated  four  times  with  a  carrier 
frequency  of  2500  Hz,  using  the  following  fo  les  of  M:  25, 100, 500,  and  1000. 

Question  12:  Calculate  the  value  of  B  associated  with  each  of  the  four 
values  of  Af: 

25 

100 

500 

1000 

Question  13:  Predict  the  transmission  bandwidth  for  eadi  of  die  FM  signals 
referred  to  In  Question  12. 

Press  return  to  continue. 


Computer-mded  Laboratory  8— page  6 


68 


Plot  15: 

Plot  16: 

Press  return 
Plot  17: 

Plot  18: 


Observe  the  spectrum  of  the  FM  signal  for  Af  =  25. 

Label  tihe  spectrum  with  the  transmission  bandwidth  calculated 
in  Question  13. 

Observe  the  spectrum  of  the  FM  signal  for  Af  =  100. 

Labfil  the  spectrum  with  the  transmission  bandwidth  calculated 
In  Question  13. 

to  continue. 

Observe  the  spectrum  of  the  FM  signal  for  Af  =  500. 

Label  die  spectrum  with  the  transmission  bandwidth  calculated 
in  Question  13. 

Observe  the  spectrum  of  the  FM  signal  for  Af  >  1000. 

Lghfil  the  spectrum  with  die  transmission  bandwidth  calculated 
in  Question  13. 
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EO  3513  Computer-aided  Laboratory  9 
Radio  Frequency  Digital  Modulation  Methods 
(ASK,  FSK,  BPSK,  and  QPSK) 

This  laboratory  requires  the  Communications  Toolbox  for  use  with  MATLAB.  The 
toolbox  functions  are  available  on  disk  for  use  on  both  PC  and  Macintosh  platforms.  Users 
should  employ  the  “help”  feature  in  MATLAB  for  information  about  the  functions,  or 
consult  the  users’  guide. 

The  m-file  for  this  laboratory  is  “lab9scr.m.”  It  may  be  helpful  to  print  the  m-file  for 
reference  before  running  the  script. 


Part  1 — Observe  the  process  of  amplitude  shift  keying  (ASK)  and 
coherent  detection 


A.  Generating  the  digital  message  signal 

Digital  signals  in  this  laboratory  are  generated  using  the  “random"  command  in 
MATLAB;  four  new  digital  signals  are  genmted  each  time  the  script  is  run. 

ASK  signals  require  a  unipolar  digital  signal.  The  function  “nrzluni.m”  is  used  to 
generate  a  NR2X  uni^lar  digitd  signal  at  a  bit  rate  of  100  bits  per  second. 

Question  1:  Calculate  the  bit  duration  t  for  this  signal. 

From  the  command  window,  obtain  the  values  of  the  first  10 
bits  in  the  bitstream.  Record  these  values. 

Run  the  script  ‘*lab9scr.m.” 

Plot  1:  Observe  the  NRZL  unipolar  digital  message  signal,  with  a  bit 

rate  of  100  bits  per  second. 

Label  the  values  (0  or  1)  of  the  first  10  bits,  and  the  bit 
duration  t. 

“Spectral.m”  is  used  to  generate  one-sided  spectra.  Recall  that  a  “coarse” 
approximation  fc»r  baseband  bandwidth  of  a  digiud  signal  is  O.S/x. 
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Question  2:  Calculate  the  approximate  baseband  bandwidth  of  the  NRZL 
unipolar  digital  message  signal. 

Plot  2:  Observe  the  spectrum  of  die  NRZL  unipolar  digital  message 

signal. 

Label  the  baseband  bandwidth  in  Hz. 

B.  Generating  the  ASK  signal 

The  digital  message  signal  is  modulated  by  a  cosine  with  a  carrier  frequency  of  800 
Hz. 

Press  return  to  continue. 

Plot  3:  Observe  the  ASK  signal  at  a  carrier  frequency  of  800  Hz. 

Label  the  values  (0  or  1)  of  the  bits  shown. 

Question  3:  Why  is  ASK  modulation  often  referred  to  as  *‘on-off  keying”? 
Plot  4:  Observe  the  ASK  signal  spectrum. 

Labs!  the  carrier  frequency  of  the  ASK  signal. 

C.  Coherent  detection  of  the  ASK  signal 

The  function  “tecover.m”  is  used  to  bandpass-filter  flie  ASK  sign^  between  the 
frequencies  of 700  Hz  and  900  Hz.  The  recovered  signal  is  then  multiplied  by  its  carrier. 

Question  4:  Describe  a  noncoherent  method  of  detection  for  this  ASK 
signal.  Why  will  this  method  work  for  ASK? 

Press  return  to  continue. 

Plot  5:  Observe  the  spectrum  of  the  demodulated  ASK  signal  prior  to 

filtering. 

The  function  “recoverm.m”  is  used  to  lowpass  filter  the  signal  at  100  Hz.  The 
recovered  signal  is  then  multiplied  by  a  factor  of  2  to  restore  its  amplitude. 

Plot  6:  Observe  the  message  signal  plotted  over  the  recovered  ASK 

signal. 

Press  return  to  observe  the  amplified  recovered  ASK  signal. 
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Part  2 — Observe  the  process  of  frequency  shift  keying  (FSK)  and 
coherent  detection 


A.  Generating  the  digital  message  signal 

The  FSK  signal  can  be  based  on  either  a  unipolar  or  b4>olar  digital  signal.  The 
function  “nrzluni.m**  is  used  to  generate  a  unipolar  digital  message  signal  from  a  random 
bitstream,  at  a  bit  rate  of  100  bits  per  second. 

Question  5:  From  the  command  window,  obtain  the  values  of  the  first  10 
bits  in  the  bitstream.  Record  these  values. 

Press  return  to  continue. 

Plot  7:  Observe  the  NRZL  unipolar  digital  message  signal,  with  a  bit 

rate  of  100  bits  per  second. 

Label  the  values  (0  or  1)  of  the  first  10  bits,  and  the  bit 
duration  x. 

Plot  8:  Observe  the  spectrum  of  the  NRZL  unipolar  digital  message 

signal. 

Label  the  baseband  bandwidth  in  Hz. 

B.  Generating  the  FSK  signal 

The  FSK  signal  is  generated  using  the  function  *TsLm.”  Within  this  function,  the 
bits  representing  I’s  are  modulated  at  a  frequency  of  1500  Hz,  and  the  bits  representing  O’s 
are  modulated  at  a  frequency  of  500  Hz. 

Press  return  to  continue. 

Plot  9:  Observe  the  FSK  signal  at  a  carrier  frequencies  of  500  and 

1500  Hz. 

Label  the  values  (0  or  1)  of  the  bits  shown. 

Plot  10:  Observe  the  FSK  signal  spectrum. 

Label  the  two  carrier  frequencies  of  the  FSK  signal. 

C.  Coherent  detection  ofthe  FSK  signal 

The  function  “recoverm.m”  is  used  to  bandpass  filter  tite  FSK  signal  between  tiie 
frequencies  of 400  Hz  and  1600  Hz.  The  recover^  signal  is  multiplied  twice,  once  by  each 
carrier  signal 
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Press  return  to  continue. 

Plot  11:  Observe  the  spectrum  of  toe  higher-frequency  demodulated 

signal,  prior  to  filtering. 

Press  return  to  observe  toe  spectrum  of  toe  lower-frequency 
demodulated  dgnal,  prior  to  Altering. 

The  two  signals  are  combined  in  the  time  domain  by  subtracting  the  lower  frequency 
signal  from  the  higher  frequency  signal. 

Plot  12:  Observe  the  spectrum  of  the  combined  upper  and  lower 

frequency  signals,  prior  to  Altering. 

”Recoverm.m”  is  used  to  lowpass-filter  the  combined  signal  at  100  Hz.  Notice  that 
the  r$  in  the  message  signal  are  now  represented  by  a  positive  value  and  the  O’s  are 
represented  by  a  negative  value.  The  recovered  sigpnal  is  then  multiplied  by  a  factor  of  2  to 
restore  its  amplitude. 

Press  return  to  continue. 

Plot  13:  Observe  toe  recovered  FSK  signal  plotted  over  toe  message 

signal. 

Press  return  to  observe  the  ampUAed  recovered  FSK  signal. 


Part  3 — Observe  the  process  of  binary  phase  shift  keying  (BPSK)  and 
coherent  detection 

A.  Generating  the  digital  message  signal 

The  BPSK  signal  is  based  on  a  bipolar  digital  signal.  The  function  “nrzlbi.m”  is  used 
to  generate  a  bipolar  digital  message  signal  from  a  random  bitstream,  at  a  bit  rate  of  100  bits 
per  second. 

Question  6:  From  toe  command  window,  obtain  toe  values  of  the  Arst  10 
bits  in  the  bitstream.  Record  these  values. 

Press  return  to  continue. 

Plot  14:  Observe  toe  NRZL  bipolar  digital  message  signal,  with  a  bit 

rate  of  100  bits  per  second. 

Label  toe  values  (0  or  1)  of  toe  Arst  10  bits,  and  toe  bit 
duration  t. 
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Plot  IS:  Observe  the  spectrum  of  tiie  NRZL  bipolar  digital  message 

signal. 

Label  the  baseband  bandwidth  in  Hz. 

B.  Generating  the  BPSK  signal 

The  BPSK  signal  is  generated  by  modulating  the  message  signal  with  a  cosine  at  a 
carrier  ftequency  of  800 

Press  return  to  continue. 

Plot  16:  Observe  the  BPSK  signal  at  a  carrier  frequency  of  800  Hz. 

Notice  the  phase  shifts  in  the  signal. 

Press  return  to  observe  the  message  signal. 

Label  the  values  (0  or  1)  of  the  bits  shown. 

Plot  17:  Observe  the  BPSK  signal  spectrum. 

Label  the  carrier  frequency  of  the  BPSK  signal. 

C.  Coherent  detection  of  the  BPSK  signal 

The  first  step  in  coherent  detection  of  the  BPSK  signal  is  to  square  the  signal  in  die 
time  domain. 

Press  return  to  continue. 

Plot  18:  Observe  the  squared  BPSK  signal  spectrum. 

Question  7:  What  are  the  effects  in  the  frequency  domain  of  squaring  the 
BPSK  signal? 

The  signal  frequency  is  now  twice  the  ftequency  desired.  The  function  “freq_div.m” 
is  used  to  shtft  the  ft^uency  of  the  squared  BPSK  signal  back  to  the  carrier  frequency  of 
800  Hz. 

Plot  19:  Observe  the  frequency-divided  BPSK  signal  spectrum. 

“Recoverm.m”  is  used  to  lowpass-filter  die  signal  at  1000  Hz.  In  the  time  domain, 
the  recovered  signal  is  multiplied  by  the  received  agnal. 

Press  return  to  continue. 
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Plot  20:  Observe  the  spectrum  of  the  recovered  demodulated  BPSK 

signal,  prior  to  filtering. 

“Recovenn.m”  is  now  used  to  lowpass-filter  die  signal  at  100  Hz.  The  recovered 
signal,  which  has  a  much  higher  amplitude  than  its  message  signal,  is  normalized  by 
dividing  it  by  its  maximum  amplitude. 

Plot  21:  Observe  the  message  signal  plotted  over  the  recovered 

normalized  signal. 


Part  4 — Observe  the  process  of  quadriphase  shift  keying  (QPSK)  and 
coherent  detection 


A.  Generating  the  digital  message  signal 

The  QPSK  signal  is  based  on  a  bipolar  digital  signal.  The  function  “nrzlbi.m”  is  used 
to  generate  a  bipol^  digital  message  signal  from  a  random  bitstream,  at  a  bit  rate  of  100  bits 
per  second.  (The  first  8  bits  are  established  in  a  pattern  that  will  demonstrate  the  four  types 
of  phase  shifts  present  in  the  QPSK  signal.) 

Question  8:  From  the  command  window,  obtain  the  values  of  the  first  10 
bits  in  the  bitstream.  Record  these  values. 

Press  return  to  continue. 

Plot  22:  Observe  the  NRZL  bipolar  digital  message  signal,  with  a  bit 

rate  of  100  bits  per  second. 

Label  the  values  (0  or  1)  of  the  first  10  bits,  and  the  bit 
duration  x. 

Plot  23:  Observe  the  spectrum  of  the  NRZL  bipolar  digital  message 

signal. 

Label  the  baseband  bandwidth  in  Hz. 

B .  Generating  the  QPSK  signal 

The  first  step  in  generating  the  QPSK  signal  is  to  split  the  signal  by  putting  it  through 
a  serial-to-parallel  converter.  One  of  the  output  signals  is  composed  of  the  odd  bits,  the 
other  of  the  even  bits.  The  bits  in  each  ou^ut  sig^  have  a  bit  rate  of  half  that  of  the  input 
signal. 

Press  return  to  continue. 
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Observe  the  signal  composed  of  odd  bits. 

Label  the  values  (0  or  1)  of  the  first  5  bits  shown,  and  the  bit 
duration  t. 

Plot  25:  Observe  the  signal  composed  of  even  bits. 

Label  the  values  (0  or  1)  of  the  first  5  bits  shown,  and  the  bit 
duration  t. 

Next,  the  signal  composed  of  odd  bits  is  modulated  by  a  positive  cosine  with  a  carrier 
frequency  of 400  Hz.  The  signal  composed  of  even  bits  is  modulated  by  a  negative  sine 
witti  a  carrier  ftequency  of  400  Hz. 

Press  return  to  continue. 

Plot  26:  Observe  the  modulated  "odd-bif*  signal.  Notice  the  phase 

shifts  present. 

Press  return  to  observe  the  "odd-bit**  signal. 

Plot  27:  Observe  the  modulated  "even-bit**  signal.  Notice  the  phase 

shifts  present. 

Press  return  to  observe  tiie  "even-bit**  signal. 

The  QPSK  modulation  process  is  completed  by  summing  the  two  modulated  signals 
in  tile  time  domain. 

Press  return  to  continue. 

Plot  28:  Observe  the  QPSK  signal. 

Label  the  phase  shifts  present  in  the  signal. 

Plot  29:  Observe  the  QPSK  spectrum. 

Label  the  carrier  frequency  of  the  QPSK  signal. 

C .  Coherent  detection  of  the  QPSK  signal 

The  first  step  in  coherent  detection  of  the  QPSK  signal  is  to  generate  two  signals  by 
multiplying  (demodulating)  the  QPSK  signal  in  Ae  time  domain.  Multiplication  by  a 
positive  cosine  function  at  the  carrier  frequency  of 400  Hz  creates  the  “upper*’  odd-bit 
signal.  Multiplication  by  a  negative  sine  function  at  the  carrier  frequency  creates  the  ‘lower** 
even-bit  sigiial.. 

Press  return  to  continue. 
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Plot  30: 


Observe  the  demodulated  ^upper**  signal. 

Press  return  to  observe  the  demodulated  ^ower”  signal. 


Plot  31:  Observe  the  demodulated  **upper**  signal  spectrum,  prior  to 

filtering. 

Press  return  to  observe  the  demodulated  **lower*’  signal 
spectrum,  prior  to  filtering. 

“Recoverm.m”  is  used  to  separately  lowpass-fUter  and  recover  each  signal,  using  a 
cutoff  frequency  of  100  Hz. 

Press  return  to  continue. 

Plot  32:  Observe  the  odd-bit  signai  plotted  over  the  recovered  ^pper** 

signal. 

Plot  33:  Observe  the  even-bit  signal  plotted  over  the  recovered  ^'lower^ 

signal. 

The  final  step  in  coherent  QPSK  detection  is  to  join  die  signals  using  a  parallel-to- 
serial  converter,  performed  by  the  function  “parjser.m.”  The  bit  rate  of  the  ouqiut  signal  is 
twice  the  bit  rate  of  each  of  the  input  signals. 

Press  return  to  continue. 

Plot  34:  Observe  the  digital  message  signal  plotted  over  the  combined 

"upper”  and  "lower”  recovered  signals. 

Question  9:  What  is  the  chief  advantage  of  quadriphase  shift  keying  over 
bipolar  phase  shift  keying? 
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APPENDIX  B— COMPUTER-AIDED  LABORATORY  KEYS 


EO  3513  Computer-aided  Laboratory  1  Key 
Signal  and  Spectrum  Generation 

Question  1:  Compare  Plots  5  and  6.  Why  does  Plot  6  display  more 
frequencies  than  Plot  S  t 

Answer.  For  signal  s2  shown  in  Plot  5,  die  step  size  of  0.001  produced  a  one-sided 
spectrum  of  only  500  Hz;  for  signal  shown  in  Plot  6,  the  step  size  of 
0.0001  produced  a  one-sided  spectrum  of  5000  Hz. 

Question  2:  Given  the  spectral  plot  of  a  multi-tone  signal,  how  could  you 
detemine  the  amplitudes  and  frequencies  of  each  of  the  signal 
tones? 

Answer  On  a  one-sided  spectrum,  the  amplitude  of  each  signal  tone  is  plotted  against 

frequency  in  Hz.  The  amplitude  of  each  signal  tone  could  be  found  by 
observing  the  amplitude  of  the  spectral  component  Frequencies  could  be 
determined  by  ot^rving  the  Hz  values  of  the  spectral  components. 
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Amplitude  Amplitude  Amplitude  An^litude 


Plot  1  -  signal  si 
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lablscr.m 


%Cdinputer-aided  Lab  1  script  for  student  use 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%% 
%Computer-aided  Lab  1  Signal  and  Spectrum  Generation 
%%%%%%%%%%%%%%%%%%%%%%%%%%%%% 
%Part  1-Observe  signal  generation 
%A.  Establish  a  time  vector 


clear 

clg 

tls0:.001:l:  %time  vector 

%B.  Generate  a  signal 

sl=cos(2*pi*10*tl);  %single-tone  signal 
%multi-tone  signal 

s2=10*cos(2*pi*20*tl)+4*cos(2*pi*35*tl)+6*cos(2*pi*50*tl); 

%C.  Controlling  signal  plots 

%Plot  1 

subplot(211), 

plotOMl) 

title(Plol  1  -  signal  si') 
xlabeKTime*) 
ylabelC  Amplitude') 

%Plot  2 

plot(tl^2) 

titleCPlot  2  -  signal  s2') 

xlabeKTime') 

ylabelCAmplitude7 

pause 

clg 

t2=0:.0001:l:  %time  vecun- 
s3sS*sin(2*pi*20(P't2);  %single-tone  signal 
%multi-ione  signal 

s4=10*cos(2*pi*130*t2)+5*cos(2'»iH*335*l2)4cos(2*iH*400*t2); 

%Plot3 
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subplot(211), 

pk>t(t2(l:S00).s4(l;S(X))) 

titleCPlot  3  -  signal  s4,  then  s3') 

xlabelCTime') 

ylabelC  Amplitude') 

hold  on 

pause 

plot(t2(l  :500).s3(l  :500).'b') 
hold  off 

pause 

%%%%%%%%%%%%%%%%%%% 

%Pan  2"Observe  q)ectnun  generation 
%A.  Calling  a  function 

[specl3hortHz]=spectraI(sI,.001);  ^generate spectrum  fa- s2 

%Plot4 

subplot(212), 

plot(sh(xtHz;specl)  %plot  spectrum  of  si 
titleCPlot  4  -  spectrum  of  si*) 
xlabelCFrequency  in  lb.’) 
ylabelC  Amplitude*) 

pause 

clg 

spec2=spectral(s2..001);  %generate  spectrum  for  s2 

%Plot  5 

subplot(211), 

plot(shortHz,q)ec2)  %plot  qtectnim  of  s2 
titleCPlot  S  •  q)ectrum  of  s2') 
xlabelCFrequency  in  Hz') 
ylabeIC  Amplitude*) 

[q)ec44ongHz]s^)ectral(s4,.0001):  %geneiate  spectrum  for  s4 

%Plot6 

sulq>iot(212). 

p]ot(longHz,q)ec4)  %plot  q)ectrum  of  s4 
titleCPlot  6  -  q)ectium  of  54*) 
xlabelCRre^ieiicy  in  Hz') 
ylabeIC  Amplitude*) 
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EO  3513  Computer-aided  Laboratory  2  Key 
Sampling  and  Recovery 


Question  1: 

Answer. 
Question  2: 

Answer. 

Question  3: 

Answer 


Calculate  the  following  values,  in  seconds,  for  the  naturally- 
and  flattop-sampled  signals: 

sampling  period  T 
pulse  duration  x 

T  =  1/fs  =>  1/1000  =>  0.001  seconds 
X  =  d  ♦  T  =>  0.5  *  0.001  =>  0.0005  seconds 

Describe  the  distinguishing  pulse  shape  of  each  sampled 
signal: 

naturally-sampled 

flattop-sampled 

impulse-sampled 

naturally-sampled  -  pulses  follow  the  shape  of  die  message  signal 
flattop-sampled  -  pulses  have  the  amplitude  of  the  message  signal  at  the 
pul^  beginning,  but  remain  i^t  over  pulse  duration 
impulse-sampled  -  pulses  are  ideal  impulses  widi  the  amplitude  of  the  signal 

Describe  the  overall  shape  of  eadh  spectrum.  Does  each  of  the 
spectral  plots  conform  to  your  theoretical  expectations?  Note 
any  discrepancies. 

The  naturally-sampled  signal  spectrum  consists  of  groups  of  frequencies 
which  have  a  “sine”  shape  to  their  envelope.  The  impul%-sampled  signal 
spectrum  shows  frequencies  which  have  constant  amplitudes.  The  flattop- 
sampled  signal  spectrum  shows  frequencies  that  individually  conform  to  the 
“sine”  envelope. 

Naturally-sampled  and  flattop-sampled  spectra  are  as  expected,  but  the 
amplitude  of  die  spectral  components  in  die  impulse-sampled  signal 
spectrum  should  remain  constant,  not  decline  (due  to  the  computer’s 
inability  to  generate  a  perfect  impulse). 
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Question  4:  Calculate  for  N  =  1,  N  =  2,  and  N  =  3. 


Compare  with  the  values  shown  on  the  spectral  plot  for  natural 
sampling. 

Answer:  For  N  =  1  =  0.3183 

ForN  =  2  Pn  =  0 
ForN  =  3  Pn=- 0.1061 

Values  are  consistent  with  those  on  the  spectral  plots.  (Note  that  the  absolute 
values  are  plotted.) 

Question  5:  Calculate  P^  for  f  =  550,  f  =  700,  and  f  =  880. 

Compare  with  the  values  shown  on  the  spectral  plot  for  flattop 
sampling. 

Answer:  For  f  =  550  =  0.4401 

For  f  =  700  Pn=  0.4052 
For  f=  880  Pn=  0.3553 

Values  are  consistent  with  those  on  the  spectral  plots. 

Question  6:  What  is  the  minimum  theoretical  sampling  frequency  for  the 
message  signal  s? 

Answer:  ^  2  ♦  450  Hz  =>  900  Hz 

Question  7:  Compare  the  undersampled  signal  spectra  in  plot  12  to  its 

counterpart  in  plot  7.  What  is  the  effect  of  undersampling  on 
the  spectrum?  What  is  the  effect  of  undersampling  on  the 
signal  recovery? 

Answer.  The  replicas  of  the  baseband  message  signal  frequencies  produced  by 

sampling  overlap,  and  prevent  proper  recovery  of  the  message  signal  (this 
effect  is  called  “aliasing”). 

Question  8:  What  is  the  effect  of  reducing  the  duty  cycle  on  the  sampled 
signal  baseband  bandwidth? 

Answer  As  the  pulse  width  decreases,  the  sampled  signal  baseband  bandwidth 
increases,  illustrating  the  trade-off  between  transmission  power  and 
required  bandwidth. 

The  decreased  pulse  width  causes  the  pulse  shapes  to  change  more 
frequendy;  thus  higher  frequencies  are  needed  to  capture  Ae  changes. 
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Plot  1  -  message  signal,  pulse  train 
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Amplitude  Amplitude  Amplitude 
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Plot  7  -  spectmm  of  naturally-sampled  signal 
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Plot  8  -  SDCctrum  of  impulse-sampled  signal 
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Plot  9  -  spectrum  of  flanop-samoled  signal 
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Plot  10  -  message  signal,  recovered  signal 
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Plot  13  -  undereampled  recovery  (natural  sapling),  message  signal 
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Amplitude  Amplitude  Amplitude  An^litude 


Plot  14  -  flattop-sampled  signal  with  d  =  .7 
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Plot  15  -  sp^trum  of  flattop- sampled  sign^  with  d  =  .7 
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Plot  17  -  spectrum  of  flattop- sampled  signal  with  d  =  .3 


first  zero  aossing  at  3333  Hz 


IL 


z 


I  .  II  1.1  II 


0  500  1000  1500  2000  2500  3000  3500  4000  4500  5000 

Frequency  in  Hz 


Computer-aided  Laboratory  2  Key— page  7 


91 


lablscr.  m 

%ComputBr-aided  Lab  2  scr^t  for  student  use 

%%%%%%%%%%%%%%%%%%%%%%%%% 
%Coinputer-aided  Lab  2  Sampling  and  Recovery 
%%%%%%%%%%%%%%%%%%%%%%%%% 

%Part  1— Observe  the  effects  of  sampling  on  the  spectrum 
%A.  Generating  the  signal 

clear 

clg 

delta_^.000l;  %stq)size 
t^:delta_tl;  %time  vector 
%signal  vector 

s=cos(2*pi*120*t)+cos(2*pi*300*l>K;os(2*pi*450*t): 

samprate=1000; 

d=.5; 

%Plot  1 

subplot(21 1),  %plot  message  and  pulse  train 

plot(t(l:400).s(l:400)) 

titleCPlot  1  -  message  signal,  pulse  train*) 

xlabelCnme*) 

ylabelCAmplitude*) 

hrddon 

pause 

%naturally-sample  the  signal 
[natsiglj)ulstml]:^tsamp(s,della_t.samiHate,d); 

%B.  Sampling  the  signal 

%Plot  1  continued 

plot(t(l:400),pulstml(l:400).'b') 

holdc^ 

%Plot  2 

subplot(212),  %plot  naturally-sampled  signal 

plot(t(l:400).natsigl(l:400)) 

titleCPlot  2  -  naturally-sampled  signal*) 

xlabdCUme') 

ylabelCAmplitude*) 
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pause 

clg 


%iinpulse-sainple  the  signal 
[iinpsiglJinptmlsimpsainp(s,delUL.t.sainprate); 

%flattop-saniple  the  signal 
flatsiglsf)att(q)(s,delta_t;sainprate,d): 

%Plot3 

su]q)lot(21 1).  %plot  message  and  impulse  train 

plot(t(l:400).[s(l:400);imptm(l:400)]) 

thleCPIot  3  -  message  signal,  impulse  train*} 

xlabelCTime*) 

ylabelCAmplitude*) 

%Plot4 

subplot(212),  %plot  impulse-sampled  signal 

plot(t(l:4(X))4mpsigl(l:400)) 

title^lot4  -  impulse-sampled  signal’) 

xlabelCTime*) 

ylabelCAmplitude*) 

pause 

clg 

%Plot5 

subplot(21 1),  %plot  flattop-sampled  signal 

pk>t(t(l:400)41atsigl(l:400)) 

dtleC^ot  5  -  flattop-sampl^  signal*) 

xlabelCllnte*) 

ylabelCAmplitude*) 

subplot(212), 

tiUeCNO  PLOT  HERE-JUST  PRESS  RETURN*) 


pause 

clg 

clear  pulstml;clear  pulstm2;clear  imptm; 

%C.  Generating  the  spectrum 

%geneiate  spectrum  for  s 
[qpec_sjlz]sspectral(s,delta_t); 

%Plot6 
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sul^lot(211). 

plot(Hz;5pec_s) 

title^ot  6  -  qiectnim  of  message  signal'} 
xIabdCFrequency  in  Hz') 
ylabelCAmplitude') 

clear  spec_s; 

%generate  spectrum  fa  naturally  sampled  signal 
[specnatl  4iz,iftnat]>:q)ectral(natsig  1  ,delta_t); 

%Plot  7 

subplot(2 12).  %plot  spectrum  of  naturally-sampled  signal 
plot(Hzispecnatl) 

title(Piot  7  -  spectrum  of  naturally-sampled  signal') 

xlabelCFrequency  in  Hz') 

ylabelCAmplitude') 

pause 

clg 

clear  specnatl; 

%generate  spectrum  for  impulse  sampled  signal 
[specimpl.Hz.fftimp]=spectial(impsigl,delta_t); 

%Plot8 

subplot(211), 

plot(Hz.specimpl) 

titleCPlot  8  -  spectrum  of  impulse-sampled  signal') 

xlabelCFrequency  in  Hz') 

ylabelCAmplitude') 

clear  specimpl '.clear  impsigl; 

%generate  qjectium  for  flattop  sampled  signal 
[q)ecflatl4iz.fFtflat]=spectral(flatsigl,delta_t); 

%Plot9 

sabplot(212),  %plot  spectrum  of  flattop-sampled  signal 
pIot(Hz.specflatl) 

dtk^lot  9  •  q)ectrum  of  flattop-sampled  signal') 
xIabdCFrequency  in  Hz') 
ylabelCAnqtlitwte') 
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pause 

dg 

dear  q)ecflatl;dear  flatsigl:dear  fiftflaudear  fiftimp; 

%%%%%%%%%%%%%%%%%%%%%%% 

%Part  2~0bseive  tbe  message  signal  lecoveiy 
%A.  Recovering  ibe  message  signal 

lecnatlstecoversCfiRnat.d.'ideaUow'Jlz.SOO); 

dearfiftnat; 

%PlotlO 

subplot(211). 

plot(t(l:400),s(l:400)) 

tUkCPlot  10  -  message  signal,  recovered  signal*) 

xlabdCTune*) 

yld)elCAnq>]itude') 

Iwldon 

pauseO) 

plot(t(l  ;400).iecnatl(l  idOOli'g*) 
bold  off 

sul^lot(212), 

tilleCNO  PLOT  HERE--JUST  PRESS  RETURN*) 

deariecnatl; 

pause 

dg 

%%%%%%%%%%%%%%%%%%%%%%%%%%%% 
%Pait  3-Observe  tbe  effects  aliasing  on  tbe  ^>ectrum 
%  and  recovery 
%A.  Generating  undersampled  signals 


sanqxatBsdOO; 

d=J; 

%inqmlse-sample  tbe  signal 
nalsig2=nalsamp(s4dt{L.t.saniprafe.d); 

%geneiatB  die  qrectrum 
[q)ecnat2JIz4Itnat2]sqiectial(naisig2,delt2L.t); 

%Plot  11 

subplot(211), 

plot(t(l:400)matsig2(l:40Q)) 
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titleCFlot  11  -  undersampled  signal  (natuial  sampling)') 

xlabelCTIme') 

ybdxlCAiiqilitiide') 

%Plotl2 

8ubplot(212), 

pioiCHz,q)ecnat2) 

titleO^ot  12  -  imdersampled  q)ectnim  (natural  sampling)*) 

xUbelCRequency  in  Hz^ 

yba)elCAaq)litude') 

pause 

dg 

dearspeciial2; 

iecnal2B«eoovers(£ftnat2,d,'kieallow'J{z,S(X)); 

dearfitnat2; 

%Plotl3 

8nl9lot(211). 

plot(t(l:400)4ecnat2(l:400)) 

title^ot  13  •  undwMwnplfld  recovery  (natural  saiiq>ling),  message  signal*) 

x]abd(nime') 

ylabelCAnqtlitude*) 

bold  on 

panse(3) 

plot(t(l:400),s(l:400),*b*) 
hold  off 

satq>lot(212), 

titleCNO  PLOT  HERE-JUST  PRESS  RETURN*) 


pause 

dg 

dear 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%% 
%PEfft  4-CX)8erve  die  effects  of  altering  the  duty  cyde  on  the 
%  basdxmd  bandwidth 

ddt«j^.(XX)l;  %iegenetatB  the  signal  variables 
sampraiesKXX); 

M)alelta_t:l; 

8*2^co8(2*pi*150*t)+cos(2*pi*25()*t>«»s(2*pi*43()*t)); 
%  A.  Flattop-sanqile  die  signal  uang  a  larger  duty  cyde 
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flaisigbig«flatU)p(s4elULUsainprate..7);  %sample  the  signal 
%Plot  14 

subpl(M(21 1),  %plot  the  signal 

plot(t(l:500)^aisigbig(l:500)) 

title^ot  14  •  flattop-sampled  signal  with  d  » .7*) 

xlabelCTime’) 

ylabelC  Amplitude*) 

[q)ecflatbig41z]sspectral(flatsigbig,delta_t):  %genaate  the  spectnim 
%Plot  15 

subplot(212).  %plot  the  spectnim 
plot(Hz,specflatbi^ 

titleCPlot  IS  '  spectnim  of  flattop-sampled  signal  with  d  =  .7') 
xlabelCFiequency  in  Hz') 
ylabelC  Amplitude*) 

pause 

clg 

%B.  Flattc^-sampie  the  signal  using  a  smaller  duty  cycte 
flatsigshon=flattop(s.delta_t.samprate..3);  %sample  the  signal 
%Plot  16 

subpIot(2 11),  %plot  the  signal 

pIot(t(l  :S00),flatsigshort(l:5(X))) 

title^lot  16  -  flatu^sampled  signal  with  d  =  .3') 

xlabelCnme*) 

ylabelC  Amplitude*) 

q)ecfIatshortsspectral(flatsigshort,delta_t); 

%inot  17 

subplot(212),  %plot  the  spectnim 
pkxfHzJqiecnatshm) 

titleCPlot  17  •  spectrum  of  flattop-sampled  signal  with  d  =  .3*) 

xlabelCBequency  in  Hz*) 

ylabelCAmpIitude*) 
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EO  3513  Computer-aided  Laboratory  3  Key 
Pulse  Modulation  (PAM,  PWM,  PPM) 


Question  1: 

Answer. 
Question  2: 

Answer. 
Question  3: 

Answer. 
Question  4: 

Answer 


Calculate  the  following  values,  in  seconds,  for  the  PAM 
signal: 

sampling  period  T 
pulse  duration  x 

T  =  1/fs  =>  1/500  =>  0.002  seconds 
t  =  d  *  T  =>  0.5  *  .002  =  0.001  seconds 

The  maximum  signal  amplitude  of  s  is  8.8,  the  modulation  rate 
is  500  Hz,  and  the  maximum  pulse  duration  is  0.8  of  the 
sampling  period.  Calculate  the  duration  in  seconds  of  the 
widest  pulse  that  could  occur  for  its  PWM  signal. 

Maximum  pulse  duration  =  0.8  *  T  =>  0.8  *  0.002  =>  0.0016  seconds 

The  zero  crossings  in  this  signal  occur  halfway  between  the 
minimum  and  maximum  signal  values.  Calculate  the  pulse 
duration  in  seconds  for  a  PWM  pulse  that  occurs  at  the 
beginning  of  a  zero  crossing. 

Pulse  duration  at  zero  crossing  =  0.0016/2  =>  0.0008  seconds 

Using  the  above  approximations,  calculate  the  baseband 
bandwidths  for  the  PAM,  PWM  and  PPM  signals.  Do  these 
values  reflect  what  you  observe  in  the  spectral  plots?  Note  any 
discrepancies. 

PAM  bandwidth  =  0.5/c  =>  0.5/0.001  =>  500  Hz 
PWM  and  PPM  =  0.5/risetime  =>  0.5/0.0001  =  5000  Hz 

The  calculated  baseband  bandwidth  of  die  PAM  signal,  500  Hz,  is  adequate 
to  capture  the  signal  information.  The  PAM  pulses  occur  at  fixed,  known 
intervtOs,  and  are  of  a  fixed,  known  duration.  The  500  Hz  tqiproximation  is 
based  solely  on  t,the  value  of  that  duration. 

PWM  and  PPM  signals  require  a  much  higher  baseband  bandwidth  because 
less  information  is  known  about  their  pul^s.  The  higher  frequencies  are 
needed  to  convey  the  information  regarding  the  exact  locations  or  widths  of 
the  poises.  The  approximation  of  5000  Hz  appears  to  c^ture  most  of  the 
information  required  for  the  PWM  and  PPM  signals. 
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Plot  3  -  message  signal,  PPM  signal  with  d  =  .1 
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Plot  4  -  spectrum  of  message  signal 
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Plot  5  -  spectrym  of  PAM  signal  with  d  =  .5 
Gs  =  500  Hz 
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Plot  6  -  spectrum  of  PWM  signal  with  max  =  .8 
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_  Plot  7  -  spectrum  of  PPM  signal  with  d  = .  1 _ 
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labSscr.in 


%Computer-aided  Lab  3  script  for  student  use 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%% 
%Coinputer-aided  Lab  3  Pulse  Modulation  (PAM.  PWM.  PPM) 
%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%% 

%Pan  1-Observe  the  differences  in  the  time  domain  for  the 
%thTee  types  of  modulation 
%A.  Generating  the  signal 

clg 

clear 

dclia_ti=.0001; 

samptate=S00; 

UsO:delta_t:l; 

s=5*(cos(2*pi*75*t)+sin(2*pi*150*t)): 

%max(s)  %find  the  max  and  min  values  of  s 
%min(s) 

%Plot  1 

subplot(21 1),  %plot  the  message  signal 
plot(t(101:500).s(10l:500)) 

titleCPlot  1  •  message  signal,  PAM  signal  with  d  s  3*) 

xlabelCTime') 

ylabelC  Amplitude') 

hold  on 

pause 

%B.  Modulating  the  signal 

flatsigs:flattop(s,delta_t.samprate..S):  %flattop  sample  the  signal  (PAM) 

plot(t(101:S(X)).flatsig(101:S(X)),'b')  %plot  the  pulse-amplitude  modulated  signal 

hold  off 

pause 


pwsigapulswid(s.delta_t.sampra(B,.8);  %pulse-wKlth  modulate  the  signal 

%Plot  2 

sutq}lot(212). 
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plot(t(101:500).[s(101:500);pwsig(101:500)])  %plot  the  pulse-width  modulated 
titleCPlot  2  -  message  signal,  PWM  signal  with  max  =  .8’)  %and  message  signal 
xlabel(Time') 
ylabelCAmpIitude') 

pause 

clg 

ppsig-pulspos(s,delta_t,samprate,.l);  %pulse-position  modulate  the  signal 

%Plot  3 

subplot(211), 

plot(t(201:400),[s(201;400);ppsig(201:400)])  %plot  message  and  pulse-position 

titleCPlot  3  -  message  signal,  PPM  signal  with  d  =  .1*)  %modulated  signals 

xlabel(Time’) 

ylabelCAmpIitude*) 

grid 

subplot(212}, 

UUeCNO  PLOT  HERE-JUST  PRESS  RETURN') 

pause 

clg 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%% 

%Part  2-Obsave  the  differences  in  the  frequency  domain  for  the 
%thiee  types  of  modulation 
%A.  Generating  the  spectra 

[spec_s4l2]=spectral(s,delta_t);  %generate  spectrum  of  the  message  signal 
%Plot  4 

subplot(21 1),  %plot  message  spectrum 
plot(Hz,spec_s) 

titleCPlot  4  -  spectrum  of  message  signal') 
xlabelCFrequency  in  Hz') 
ylabelCAmpIitude*) 

clear  s;spec_s; 

q)ecpam=spectral(flaisig,delta_t);  %generate  spectrum  of  the  PAM  signal 
%Plot5 

subplot(212),  %plot  PAM  spectrum 
plot(Hz^peq)am) 
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titleCPlot  5  -  spectnun  of  PAM  signal  with  d  =  .S') 

xlabelCFrequency  in  Fb*) 

ylabelCAmpUtude') 

clear  flat^',specpani; 

pause 

clg 

specpwsspcciral(pwsig,delta_t);  %generaie  spectrum  of  the  PWM  signal 
%Plot  6 

subplot(21 1),  %pIot  PWM  spectrum 
plot(Hz,specpw) 

title^lot  6  -  spectrum  of  PWM  signal  with  max  =  .S') 

xlabelCFiequency  in  Hz') 

ylabelCAmpUtude') 

clear  pwsig;^)ecpw; 

specpp=:spectral(ppsig,delta_t):  %generate  spectrum  of  the  PPM  signal 
%Plot  7 

subplot(212).  %plot  PPM  spectrum 
plot(Hz.specpp) 

titleCPlot  7  -  spectrum  of  PPM  signal  with  d  =  .n 

xlabelCFrequency  in  Hz') 

ylabelCAmpUtude*) 
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EO  3513  Computer-aided  Laboratory  4  Key 
Analog-to-Digital  Conversion  and  Digital  Encoding 


Question  1: 


Answer; 

Question  2: 
Answer; 

Question  3: 
Answer 


Calculate  the  following  values  relating  to  the  quantization 
characteristic  for  this  system: 

dynamic  range 
actual  step  size 
actual  resolution 
percentage  resolution 
number  of  levels 

Would  you  describe  this  quantizer  as  “mid-step,”  or  “mid¬ 
tread”? 


dynamic  range  =  6  *  number  of  bits  =>  6  *  5  =>  30  dB 
actual  step  size  =  2  ^  x  full-scale  V  =>  ±  2  ^  x  10  =>  0.625  V 

actual  resolution  =  ±  2  x  full-scale  V  =>  ±  2  x  10  =>  0.3125  V 
percentage  resolution  =  ±  2  x  100%  =>  ±  2  x  100%  =>  3. 125% 
number  of  levels  =  5  bits  =>  2^  =>  32  levels 

This  quantizer  is  “mid-tread.” 

List  the  amplitude  (“voltage”)  of  the  quantized  signal  in  each 
of  the  first  6  sampling  periods. 

9.375  V 
8.125  V 
5.0  V 
0.0  V 
-4.375  V 
7.5  V 

From  Plot  4,  obtain  the  value  of  the  signal-to-noise  ratio  for 
the  quantized  signal.  Record  this  value. 

10.45  dB 
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Question  4:  From  the  command  window,  obtain  the  first  30  values  of 

^codedsig.**  Record  these  values.  Is  this  bit  pattern  reflected 
on  Plots  6,  9,  and  12? 

Answer.  11110  11100 

1  0  1  1  1  1  0  0  0  0 

0  1  0  0  1  0  0  1  0  0 

Yes — the  bit  pattern  is  reflected  on  die  plots. 

Question  5:  Describe  the  distinguishing  characteristics  of  each  encoding 
scheme: 

NRZL  unipolar 
RZL  unipolar 
manchester 

Answer  The  NRZL  unipolar  encoded  signal  indicates  a  mark  by  remaining  at  some 
voltage  level  d^u^out  die  bit  duration;  it  indicates  a  space  by  dropping  to 
zero. 

The  RZL  unipolar  encoded  signal  indicates  a  mark  by  remaining  at  some 
voltage  level  for  die  first  half  of  the  bit  duration,  dien  dropping  to  zero  for 
the  l^t  half;  it  indicates  a  space  by  remaining  at  zero  for  &  bit  duration. 

The  manchester  encoded  signal  indicates  a  mark  by  remaining  at  some 
voltage  level  for  the  first  htJf  of  the  bit  duration,  dien  dropping  to  a  second 
volta^  level  for  die  last  half  of  the  bit  duration;  it  indicates  a  space  by 
remaining  at  die  lower  voltage  level  for  die  first  half  of  the  bit  duration,  and 
rising  to  the  higher  level  for  the  second  half  of  the  bit  duration. 

Question  6:  Calculate  the  approximate  baseband  bandwidth  for  the  PCM 
signals: 

NRZL  unipolar  coded  signal 
RZL  and  manchester  coded  signals 

Do  fiiese  values  reflect  what  you  observe  in  the  spectral  plots? 

Answer  For  NRZL  signal:  B  =  0.5/t  =>  0.5/0.001  seconds  =>  500  Hz 

For  RZL  and  manchester  signals:  B  =  0.5/t  =>  1/0.0005  seconds  =>  1000 
Hz 

The  spectral  plots  support  the  above  approximations. 
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Question  7: 

Answer. 
Question  8: 
Answer 

Question  9: 

Answer 


From  Plot  16,  obtain  the  value  of  die  signal>to-noise  ratio  for 
the  quantized  signal.  Record  tiiis  value. 

10.97  dB 

What  is  the  effect  of  compression  on  the  agnal? 

The  compression  function  increases  the  lower-ampUtude  signal  values  in  a 
manner  that  minimizes  die  extione  differences  in  the  signal. 

From  Plot  21,  obtain  the  value  of  the  slgnal>to-noise  ratio  for 
the  companded  signal.  Record  this  value  and  compare  it  to  tiie 
ratio  obtained  in  Question  7.  Did  the  companding  process 
reduce  the  amount  of  quantization  noise? 

13.03  dB 

Yes — ^die  signal  to  noise  ratio  increased  due  to  use  of  the  compression  and 
expansion  Unctions. 


Computer-aided  Laboratory  4  Key— page  3 


107 
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Plot  6  -  expanded  NRZL  unipolar  coded  signal 
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Plot  5  •  NRZL  umpolar  coded  signal  and  quantized  signal 
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Plot  7  -  NRZL  unipolar  coded  signal  spectrum 
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Plot  8  -  RZL  unipolg  coded  signal  ^  quantized  signal 
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Plot  9  -  expanded  RZL  unipolar  coded  signal 
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Plot  10  -  RZL  umpolar  coded  spectrum 
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Plot  12  -  expanded  manchester  ccxied  signal 
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Plot  13  -  manchester  coded  spectrum 
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Amplitude  Amplitude  An^litucte 
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An^litude  Anq)litude  An^litude 


Plot  19  -  compressed  signal  ai^  sampled  compressed  signal 
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Iab4scr.in 

%Computer-aided  Lab  4  script  for  student  use 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%% 

%OMnputer-ai(led  Lab  4  Analog-to-Digital  Conversion  and 
%  Digital  Encoding 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%% 

%Part  l-Obsove  the  quantization  i»ocess 
%A.  Generating  the  message  and  sampled  signals 

clg 

clear 

delta_ts.(XX)l :  %set  signal  and  sampling  variables 
d*.5: 

samprate=200; 

M);delta_t:l; 

sl=5*cos(2*pi*  15*t)+4*cos(2*pi*  19*t);  %signal  and  sammpling  frequencies 

%are  intentionally  low 
flatsig=flattop(sl  .delta_t.samprate,d); 

%B.  Evaluate  the  characteristics  of  the  converter 

[quanch_x,quanch_y,quansig,bin_nMms]=quantize(2^,fIatsig,sampraie,delia_t); 


%inot  1 

stairs(quanch_x,quanch_y) 

grid 

title(Tlot  1  •  quantization  characteristic') 
xlabelCVoltage  in') 
ylabelCVoltage  ouO 

pause 

clg 

%C.  Compare  the  sampled  and  quantized  signals 
%Plot  2 

subplot(21 1),  %plot  the  message  and  sampled  signals 

pk>t(t(l:1000).[sl(l:1000);flatsig(l:1000)]) 

titk^ot  2  -  message  wd  sampled  signals') 

xlabelCTlme') 

ylabelCAmplitude') 

%Plot  3 
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sui^lot(212). 

I^t(l:1000).[flatsig(l:1000);quansig(l:l()()0)]) 
tiUeCPkH  3  •  sampled  signal  and  quantized  signal') 
xlabelCTime') 
ylabelCAmpUuide') 

pause 

clg 

quanch_y(l;(Iength(quanch_y)-l)) 

some_b>n_numssbin_nums(l;6) 

pause 

%L.  M^ure  the  quantization  noise 

sig_to_iiois=sni(sl  .quansig); 
strtinufn2str(sig_to_nois}: 

%Plot  4 

subplot(211). 

plot(t(l:  10(X)).[sl(l: 1000);quansig(l  :1000)]) 
titleCPlot  4  -  message  signal  and  quantized  signal') 
xlabelCTime') 
ylabelC  Amplitude') 
text(.3..8.rSNR='  strj.'sc') 

sul^lot(212), 

tiUeCNO  PLOT  HERE-JUST  PRESS  RETURN^ 

pause 

clg 

%%%%%%%%%%%%%%%%%%%%%%%% 

%Pait  2-Observe  the  process  of  PCM  encoding 
%A.  Generating  a  binary-encoded  signal 

codedsigBencode(Inn_nums;2,S);  %binaiy-encode  the  signal 

%B.  Generating  a  non-ietum-to-zero  level  (NRZL)  coded  signal 


latiatBssamprate^S; 


nrzlunisigsnizluni(codedsig,delta_Wbitrate); 
nrzlunisigsmzlunisig^S;  %increase  signal  level  for  plotting 
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pcin_axiss[0 .05  *10  10]; 
pcm.axisMO  .01  -10  10]; 
pcm_axis2>[.01 .02  -10  10]; 
pcin_axis3s[.02  .03  -10  10]; 

axis(pcm_axis); 

%Plot5 

subpIot(211), 

plot(t(l:600),[qiiaiisig( 1 :600);iuzlunisig(l  :600)]) 

titleCPlot  S  -  NKZL  unipolar  coded  signal  and  quantized  signal') 

xlabelCTime') 

ylabelCAmplitude') 

axis(pcm_axisl); 

%Ploi  6 

sutq>lot(212). 

plot(t(l:600),nizlunisig(l:600)) 

dde^lot  6  -  expanded  NRZL  unipolar  coded  signal') 

xlabelCTime') 

ylabelCAmplitude*) 

axis; 

pause 

clg 

[specnizIJIz>=spectral(nrzlunisig,delta_t); 
clear  nndunisig; 

%Plot  7 

subplot(211), 

[dot(Hz;specnrzl) 

titleCPlot  7  -  NRZL  unipolar  coded  signal  spectrum') 

xlabelCFiequency  in  HzO 

ylabelCAmplitude*) 

subpiot(212), 

tiUeCNO  H-OT  HERE-JUST  PRESS  RETURN*) 

pause 

clg 

clear  [qiecnrzl 
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%C.  Generating  a  ieuim<to-zeio  level  (RZL)  imqwlar  coded  signal 


izunisigB(zuni(codedsig4elttLM>imte); 
izunisig«rziinisig*S;  %iiiciease  sigW  level  to  plotting 

axis(pcmjBxis); 

%Plot8 

subplot(211), 

plo^t(l;600),[qiiansig(l:600);rzunisig(l:600)]) 

litle^ot  8  -  RZL  unipolar  coded  signal  and  quantized  signal') 

xlabeicnme') 

ylabelC  Amplitude') 

axis(pcm_axis2); 

%Plot  9 

subplot(212). 

plot(t(l:600)/zunisig(l:6(X))) 

title^lot  9  -  expanded  RZL  unqtolar  coded  signal*) 

xlabeKTime*) 

ylabelCAmplitude*) 


axis: 


pause 

clg 

specizsspectial(rzunisig4elia_t); 
clear  tzunisig 

%Plot  10 

subplot(211), 

plot(Hz,^)eciz) 

title^ot  10  -  RZL  unipolar  coded  spectrum') 
xlabelCPrequmcy  in  Hz’) 

^abelCAmplitude') 

subplot(212), 

tiUeCNO  HX>T  HERE-JUST  PRESS  RETURN^ 

pause 

clg 
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clear  ^ecn: 

%D.  Generating  a  manchester  coded  signal 

nianclisig>4nancliest(codedsig,delta_t,bitiale): 
nuuiclisig>Bnianchsig*S:  %increase  signal  level  for  plotting 


axis(pcni_axis); 

%Plotll 
sul9lot(21 1), 

plo^t(l  :6(X)).[quansig(l  :600):manchsig(l  :600)]) 

titleCnot  11  •  manchester  coded  signal  and  quantized  signal*) 

xlabdCnme') 

ylabelCAmplitude*) 

axis(pcm_axis3); 

%Plot  12 

subplot(212), 

plot(t(l:b00),manchsig(l:6(X))) 

ddeCPlot  12  •  expanded  manchester  coded  signal*) 

xlabelCHme*) 

ylabelCAmplitude*) 


axis; 


pause 

clg 

q)ecmansq)ectral(manchsig,delta_t); 

dearmanchsig 

some_codedsig=codedsig(l  :30)  %print  out  values  of  first  6  wcx’ds 
pause 

%Plot  13 

subplot(211), 

ldot(Hz;5peanan) 

dtleCPlot  13  •  manchester  coded  q)ectrum*) 
xlabdORnqooicy  in  Hz') 
ylabelCAmplitude*) 

subplot(212). 

tiUeCNO  PLOT  HERE-JUST  PRESS  RETURN*) 
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pause 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%% 
%P!an  3-Observe  the  effects  of  companding  on  the  quantization 
%  piocess 
%A.  Genetadng  a  signal 

dear 

dg 

sampratoisOO; 

d=.5; 

delia_(F.000l: 

ts0:dd^_t:0.1: 

s=2+2.  l*cos(2*pi*50*t)+l  .7*cos(4*pi*50*t)+l  .5*cos(6*pi*50*t); 
sas+l-S^cosCg^pi^SO^t); 

coinp_axiss[0  0.04  0  10];  %set  plotting  boundaries 
axis(comp_axis): 

muls2SS;  %high  value  of  mu 
mu2sl0;  %low  value  of  mu 

%Plot  14 

sut^lot(2U), 

plot(t(l:1000)^l:1000)) 

title^kN  14  •  message  signal  and  sampled  signal*) 

xlabdCTime*) 

ylabdCAmiditude*) 

hddoo 

%B.  Sampling  and  quantizing  the  signal 

flatsigl«flattop(s,delta_t,samiHate,d); 

plot(t(l:1000)41atsigl(l:1000);g') 

holdt^ 

axis(comp_axis); 

%PlotlS 

sttbplot(212). 

I^(t(l:1000}.flatsigl(l:1000}) 

tideCPlot  IS  •  sampled  signal  quantized  signal*) 
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xlabdCTime') 
ybdxdCAmidibide') 
hold  on 

[qiiaiich_x/]iianch_y4uansigl]«quantiini(23,flatsigl;sami»ate4elta_t); 

ldot(t(l: 1000),qiiansigl(l: 1000),’b') 
hold  off 

axis(comp_axis); 

pause 

clg 

snr_quantiBsnr(s,quansigl):  %find  the  quantization  noise 
stpsmBn2sti(snr_quant): 

%Plotl6 

subplot(211), 

pk>t(t(l:1000).[s(l:1000);quansigl(l:1000)]) 

title(Tk)t  16  •  message  signal,  quantized  signal*) 

xlabeintme*) 

ylabelCAmpIitude*) 

text(3..8.rSNR=*  strl.'sc*) 

subplot(212), 

tideCNO  M-OT  HERE-JUST  PRESS  RETURN*) 

pause 

clg 

%C.  Compare  compression  characteristics  for  values  of  mu 
IHessl_s=compress(s,mul,max(s)):  %use  signal  maximum  for  compression  function 
%Plot  17 
sulvlot(211), 

pioi(t(l :  l(XX)),[s(l : 1000);pressl_s(l : 1000)]) 

titleOnot  17  -  message  signal,  compressed  signal  with  mu  »  2SS*) 

xlabel(Time*) 

ylabdCAmj^itude*) 

pfess2_s»compte8s(s,mu24nax(s)); 

exp_sig>expand(press2_s/nu2jiiax(press2_s)); 

%not  18 
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subplot(212). 

pk)t(t(l:1000)  Js(l:  1000);i]fess2_s(l:1000)]) 

titte(Tlot  18  •  message  signal,  compressed  signal  with  mu  »  lO*) 

xlabelCTime') 

ylabelCAmplitude') 

clg 

%D.  Sampling  and  quantizing  the  compressed  signal 
%use  8  levels  to  illustrate 

flatsig2sflatt(^)(press2_s4elta_t,sampcate.d); 

%Plotl9 

subplot(211), 

plot(t(l:l(X)0).[press2_s(l:l000)Ulatsig2(l:1000)]) 

title^ot  19  -  compressed  signal  and  sampled  compressed  signal*) 

xlabelCTime') 

ylabelCAmplitude') 

(quanch_xvquanch_y,quansig2]=quantuni(23,flatsig2,sam|Haie,delta_t); 

%not20 

sul^lot(212), 

plot(t(l:1000).[flatsig2(l:1000);qiiansig2(l:l^^^ 

tideCPlot  20  -  samfded  compressed  signal  and  quantized  compressed  signal') 

xlabelCnme') 

ylabelCAmplitude') 

pause 

clg 

%E.  Expand  the  compressed  quantized  signal 

exp_coaq>=expond(quansig2,mu24nax(quansig2));  %use  maximum  signal  value 

8nr_coii^Bsnr(s,expjcomp); 

stiaaum2str(snrjcomp); 

%Plot21 

subplot(211), 

plot(t(l:1000).[s(l:1000);exp_comp(l:1000)]) 
tit]e(Tlot21  •  message  sign^  and  compand^  signal*) 
xlabdcnme*) 
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yUbdCAnqditude') 
text(.3^,rSNR*»'  strl.'sc*) 


subplot(212), 

titleCNOmyrHERE') 

axis; 
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EO  3513  Computer-aided  Laboratory  5  Key 
Amplitude  Modulation  Double  Sideband  (AM  DSB) 


Question  1:  Calculate  the  following  values  for  the  single-tone  message 
signal: 


peak  power 
average  power 
baseband  bandwidth 


Answer  peak  power  2  =>  lO^  /  2  =>  50 

p  =  V+|X(An'+Bn’) 

average  power  ^  N=i  =>102/2  =>  50 

baseband  bandwidth  1 50  Hz 

Question  2:  Predict  the  following  values  for  the  single-tone  AM  DSB 
signal: 


peak  power 
average  power 
bandwidth 


Ar* 


Answer: 

peak  power 

*’*'2  =>102/2  =>50 

average  power 

A  * 

P  =  — 

4  =>102/4=>25 

bandwidth 

300  Hz 
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Qucstioii  3: 

Answer 

Question  4: 
Answer 


From  Plot  6,  obtain  the  v^ues  representing  peak  and  average 
power  for  tiie  signal-tone  tignal,  and  record  tiiem. 

Do  your  calculations  for  bandwidth  and  power  agree  with  the 
computer-generated  values  and  spectrum? 

peak  power  s  SO 
average  power  =  25 
Yes — calculations  agree. 

Why  is  coherent  detection  (detection  using  tiie  carrier) 
necessary  for  an  AM  DSB  signal? 

Envelope  detection  of  the  AM  DSB  tignal  would  not  detect  phase  shifts, 
which  indicate  that  the  message  signal  has  changed  from  positive  to 
negative  values,  or  from  negi^ve  to  positive  values. 
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10 


Plot  1  -  single-tone  message  signal 
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Plot  2  -  single-tone  message  signal  spectrum 


ISO  Hz  with  amplitude  =  10 
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Plot  3  -  single-tone  DSB  signal 
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Plot  4  -  single-tone  message  signal,  expand^  DSB  signal 
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spectrum 


Plot  5  -  single-tone  DSB  signal  . 


-  1850  Hz  with  amplitude  =  5 

2150  Hz  with  amplitude  =  5 

^  bandwidth  300  Hz 
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Plot  6  -  sin^e-tone  DSB  sipal  power  spectral  density 
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IQ  Plot  8  -  single-tone  message.  DSB  recovered,  and  amplified  signals 
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Amplitude  Amplitude  Amplitude 
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Plot  11  -  multi-tone  message  signal  spectrum 
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100  Hz  with  amplitude  =  20 


220  Hz  with  amplitude  =  12 
—  350  Hz  with  amplitude  *  10 
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Plot  12  -  multi-tone  DSB  signal 
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Plot  13  -  multi-tone  message  signal,  expanded  DSB  signal 
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Plot  14  -  multi-tone  DSB  signal  spectrum 
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Plot  IS  -  demodulated  multi-tone  DSB  agnal  spectrum  prior  to  filterin' 


Frequency  in  Hz 


Time 
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labSscr.m 

%Cainpulier-aided  Lab  S  scr^  for  student  use 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%% 
%ConiputBr-aided  Lab  S  Ami^itude  Modulation  AM  DSB 
%%%%%%%%%%%%%%%%%%%%%%%%%%%%% 

%Pait  l~Observe  the  AM  DSB  modulation  process  with  single-tone 
%  input 

%A.  Generating  the  signal  and  spectrum 

clear 

clg 

delta_l^.000 1 ;  %set  signal  and  sampling  variables 
tsO:(Mta_t:l; 

s=sl0*cos(2*pi*  150*1);  %single-tone  signal  variable 

fcs2000;  ^modulating  frequency  for  the  carrier  signal 
cutoffsldO;  %ideal  lowpass  filter  cutoff  frequency  for  single-tone 

%Plot  1 

subplot(211),  %plot  the  signal 

plot(t(l:500)^l:500)) 

titleCPlot  I  •  single-tone  message  signal*) 

xlabelCTime*) 

ylabelCAmplitude*) 

[q)ecs^l::spectral(s,delta_t);  %generate  the  ^tectrum 
%Plot  2 

sulq>Iot(212),  %plot  the  q)ectrum 
plot(Hz,q)ecs) 

title^lot  2  -  single-tone  message  signal  ^tectrum*) 

xlabel(T¥equency  in  Hz') 

ylabelCAmplitude*) 


pause 

clg 

%B.  Obsove  the  single-tone  double  sideband  (DSB)  modulated 
%  signal 


moddsbsscos(2*pi*fc*t).*s;  ^modulate  the  signal  by  multiplying  by  a  cosine 
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«PIcm3 


sulq)Iot(211),  %plot  the  modulated  signal 

plot(t(l:S00)4noddsbs(l:S00)) 

title^ot  3  -  single-time  DSB  signal*) 

xlabdCrime*) 

ylabelCAmpIitude*) 

%Plot4 

sul^]ot(212),  %plot  detailed  view  to  show  phase  shifts 

plot(t(l:100),[s(l:100):moddsbs(l:100)]) 

titleCPlot4  -  single-tone  message  signal,  expanded  DSB  signal*) 

xlabdCTime*) 

ylabelCAmpIitude*) 

pause 

clg 

%C.  Verify  the  power  and  bandwidth  of  the  DSB  signal 
modq)ecdsbssq)ectral(moddsbs4elta_t);  %generate  the  modulated  spectrum 
%Plot  5 

subplot(211).  %plot  the  modulated  qiectrum 
ldot(Ibe4nodspecdsbs) 

dtle^ot  S  -  single-tone  DSB  signal  spectrum*) 
xlabelCFtequency  in  Hz*) 
ylabelCAmplioxte*) 

clear  modspecd^; 

dsb_pk_pwr_sn£m(max(modd^))^2)/2;  %find  the  peak  power 
strl=num2str(dsb_pk_pwr_sngl); 

psddd>:^)sd(moddsbs,delta_t);  %generatB  the  pown^)ectral  density 

dsb  avp  pwr  snplssumfpsddd?):  %find  average  power  by  summing  the  power 
%spectral  density  values 
str2snum2str(dd)  avg  pwr  sngl): 

%not6 

sul9lot(212),  %plot  the  powo’  qtectral  density  for  the  modulated  signal 
lrfot(HEj)sddsb) 

titleCPlot  6  -  sbigle-tone  DSB  signal  poww  spectral  density*) 
xlabelCFrequnicy  in  Hz*) 
ylabelfPOwer  spectral  density*) 
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text(X3.npeak  powers'  so-lj.’sc*) 

text(.6..3.ravg  powos'  str2].'sc') 


pause 

clg 

%D.  Observe  the  recovery  of  the  DSB  signal 


demoddsbsscos(2*'pi*fc*t).'*moddsbs;  %first  stq)  in  recovering  the  signal- 
^multiply  by  the  carrier 


[recspecdsbs,Hz.dsbfit]sspectral(demoddsbs,delta_t);  %generate  the  spectrum 

%the  recovered  signal 


%Plot7 


subplot(211), 

ldot(Hz/ecspecdsbs) 

title^lot  7  •  demodulated  single-tone  DSB  signal  spectrum  prior  to  filtering') 

xlabel(l^uency  in  Hz') 

ylabelCAmplitude') 

ckar  demoddsbs;clear  recspecdsbs; 
moddsbssmoddsbs(l:  100); 

tecdsbs=ncoveim(d^St,'ideallow'Jlz.cutoS):  %recover  and  filter 
clear  dsbfii; 

bigiecdsbss«ecdsbs*2;  %amplify  signal 
%Plot  8 

sulq)k>t(212),  %plot  die  recovered  signal  on  top  of  the  message  signal 
pIot(t(l;500),Kl:500)3ecdsbs(l:500)]) 

title^lot  8  -  single-tone  message,  DSB  recovered,  and  ampliHed  signals') 

xlabelCUme') 

ylabelCAmplitude*) 

hold  on 

pause 

pk)t(t(l:S00)J>igiecdsbs(l:S00),'b') 
hold  off 


pause 

dg 

detdsbsacmidxenv(moddsbs); 

%Plot9 
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subpk)t(21 1),  %plot  the  recovered  signal  on  top  of  the  message  signal 
plot(t(l:  lQO).[inoddsbs(l:  100);s(l:  100)]) 

title^ot  9  •  expanded  DSB,  message,  and  envek^  detected  signals') 

xlabelCTime') 

ylabelC  Amplitude*) 

hold  on 

pause 

plot(t(l:100).detdsbs(l:100).  V) 
hold  off 

subplot(212), 

tiUeCNO  PLOT  HERE--JUST  PRESS  RETURN*) 
pause 

%%%%%%%%%%%%%%%%%%%%%%%%%%%% 

%Part  2-Observe  the  AM  DSB  modulation  process  with 

%  multi-tone  input 

%A.  Generating  the  signal  and  spectrum 

clear 

cig 

delta_ti=.000 1 ;  %set  signal  and  sampling  variables 
t=0:delta_t:l; 

%multi-tone  signal  variable 

s=10*cos(2*pi*350*t>+-12*cos(2*pi*220*t)+20*cos(2*pi*l(X)*t); 

fc=2000:  %modulating  frequoicy  for  the  carrier  signal 
cutoff=360;  %ideal  lowpass  filter  cutoff  frequency  for  multi-tone 

%Plot  10 

subplot(21 1),  %plot  the  signal 

plot(t(l:500).s(l:500)) 

titleCPlot  10  •  multi-tone  message  signal*) 

xlabdCUme*) 

ylabelfAmplitude*) 

[specsjiz]=qpectral(s,delta_t);  %gBnerate  the  ^)ectnim 
%Plotll 

subplot(212),  %plot  the  spectrum 
plou[Hz.q)ecs) 

titleCnot  11  -  multi-tone  message  signal  spectrum*) 
xlabdCFrequency  in  Hz*) 
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ytabelCAmplitudeO 


pause 

clg 

%B.  Observe  the  multi-tone  double  sideband  (DSB)  modulated 
%  signal  and  spectrum 


moddsbsscos(2*pi*fc'*t).*s;  %nKXlulate  the  signal  by  multiplying  by  a  cosine 


%Plot  12 

sulq)k)t(211),  %plot  the  modulated  signal 
plot(t(l  :SOO),mo^bs(l  :S00)) 
titleCPlot  12  -  multi-tone  DSB  signal*) 
xlabelCTime') 
ylabelCAmplitude*) 

%Plot  13 

subplot(212),  %plot  detailed  view  to  show  phase  shifts 

plot(t(l:100).[s(l:100);modd^s(l:100)]) 

titleCPlot  13  -  multi-tone  message  signal,  expanded  DSB  signal*) 

xlabelCTime*) 

ylabelCAmplitude*) 

pause 

clg 

modq)ecdsbssq)ectial(moddsb84dta_t);  %generate  die  modulated  spectrum 
%Plot  14 

subplot(211).  %plot  the  modulated  spectrum 
{dod[Hz/nodspecdsbs) 

title^lot  14  -  multi-tone  DSB  signal  spectrum*) 
xlabelCFkequency  in  Hz*) 
ylabelCAmplitude*) 

sut^lot(212), 

tiUcCNO  n.OT  HERE-JUST  PRESS  RETURN*) 


pause 

clg 

%C.  Observe  the  lecoveiy  of  the  DSB  signal 

detnoddsbSBCosC2'*pi*fc*t).*moddsbs;  %first  stq>  in  recovering  the  signal- 
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%inultiply  by  the  cmia 


[iec^)ecdd>s,Hz.dsbfit]Bspectral(defnoddsbs4elU_t):  %geiienie  the  spectnun 

%the  recovered  signal 


%PIot  IS 


sul^lot(211). 

plot(Hz/ecspecdsbs) 

titleCPlot  IS  •  demodulated  multi-tone  DSB  signal  spectrum  prior  to  filtering') 
xlabdCFrequency  in  Hz') 
ylabelC  Amplitude') 

clear  recq)eodsbs;clear  specs;clear  modspecd^clear  demoddsbs; 
clear  moddsbs; 

lecdsb  )verm(dsbfit,'ideallow'JlzxutofI);  %recover  and  filter 
bigieccbt>^recdsbs*2;  %amplify  signal 
%Plot  16 

subplot(212),  %plot  the  recovered  signal  on  top  of  the  message  signal 
plot(t(l:S00).[s(l:S00)*.recdsbs(l:S00)]) 

titleCPlot  16  •  multi-tone  message,  DSB  recovered,  and  amplified  signals') 

xlabelCTiroe') 

ylabelfAmplitude') 

hcddon 

pause 

plot(t(l:SOO),bigiecdsbs(l:S(X)),'b') 
hold  off 
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EO  3513  Computer-aided  Laboratory  6  Key 
Amplitude  Modulation  Single  Sideband  (AM  SSB) 


Question  1:  Calculate  the  following  values  for  the  single-tone  message 
signal: 

peak  power 
average  power 
baseband  bandwidth 


Answer: 


peak  power  = 


Pp 


Ap^ 

2  =>  152/2  =>  112.5 


P  =  Ao" 

average  power  = 


^^i(A 


N 


+  Pn*  ) 

=>  152 /2=>  112.5 


baseband  bandwidth  =  130  Hz 

Question  2:  Predict  the  following  values  for  the  single-tone  AM  SSB 
signal: 


Answer 


peak  power 
average  power 
bandwidth 

P 

peak  power  =  **  2  =>  7.52  /2  =>  28.125 

A^ 

P  =  — 

average  power  =  2  =>  7.52  /  2  =>  28. 125 

baseband  bandwidth  =  130  Hz 


Computer-aided  Laboratory  6  Key— page  1 


139 


Question 


Answer. 


:  From  Plots  9  and  10,  obtain  the  values  representing  peak  and 
average  power  for  the  signal*tone  signal,  and  record  them. 

Do  your  calculations  for  bandwidth  and  power  agree  with  the 
computer-generated  values  and  spectrum? 

single-tone  LSB  peak  power  =  28.72 
single-tone  USB  peak  power  »  28.12 
single-tone  LSB  average  power  =  28.79 
single-tone  USB  average  power  =28.13 

Yes— calculations  agree. 
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Amplitude  Amplitude  Amplitude  Amplitude 
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Plot  2  -  single-tone  message  signal  spectrum 


bandwidth  130  Hz 


130  Hz  with  amplitude  =  IS 
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Plot  3  -  single- tone  LSB  signal 
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Plot  4  -  single-tone  message  signal,  expand^  LSB  signal 
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Amplitude  Amplitude  Amplitude 


Plot  S  -  sinele-ume  USB  signal 
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Plot  6  -  single-tone  message  signal,  expanded  USB  signal 
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n  Plot  7  -  single-tone  LSB  spectrum 
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,  Plot  8  -  single-tone  USB  spectrum 
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Anplitude  Amplitude  Power  spectral  density  Power  spectral  density 
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Plot  9  -  single-tone  LSB  power  spectral  density 

PEAKPOWER=28.72 
AVG  POWER=28.12 
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Amplitude  Amplitude  Amplitude  Amplitude 


^  Plot  13  -  single-t(me  demodulated  USB  spectrum  prior  to  filtering 
2  - 

%  500  1000  1500  2000  2500  3000  3500  4000  4500  5000 


Frequency  in  Hz 

Plot  14  -  single-tone  message,  USB  recovered,  and  amplified  signals 
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Plot  16  -  mum-tone  message  signal  spectrum 


170  Hz  with  amptlitude  =  20 


bandwith  400  Hz 


—  230  Hz  with  amptlitude  =  12 
400  Hz  with  amptlitude  =  S 
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Plot  17  -  multi-tone  L5B  signal 
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Plot  18  -  multi-tone  message  signal,  expanded  LSB  signal 
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Plot  19  -  multi-tone  USB  signal 
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Plot  20  -  multi-tone  message  signal,  expanded  USB  signal 
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Plot  21  -  multi-tone  LSB  spectrum 
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Plot  22  -  multi-tone  USB  spectrum 
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Plot  23  -  multi-tone  demodulated  LSB  spectrum  prior  to  filtering 


Plot  24  -  inulti-tone  message,  LSB  recovered,  and  amplified  signals 
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Amplitude  An^litude 


Frequency  in  Hz 
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labdscr.m 

%Coinpuier-aided  Lab  6  scr^  far  student  use 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%% 
%CDinpuler-aid6d  Lab  6  Amplitude  Modulation  AM  SSB 
%%%%%%%%%%%%%%%%%%%%%%%%%%%%% 

%Pan  l-Observe  the  AM  SSB  modulation  process  with  single-tone 
%  input 

%A.  Genmting  the  signal  and  spectrum 

clear 

clg 

delut_ts.O(X)l; 
t=0:delUL.t:l;  %time  vector 
s®15*cos(2*pi*130*t);  %single-tone  signal 

fcsSOOO;  %modulating  frequency  for  the  carrier  signal 
cutofr=150:  %ideal  lowpass  filter  cutoff  finequency  for  single-tone 

%Plot  1 

subplot(211),  %plot  the  signal 

plot(t(l:500)^l:500)) 

titleC^ot  1  -  single-tone  message  signal') 

xlabd(Time') 

ylabelCAmplitude') 

[q)ecsJHz]sspectral(s,delta_t);  %generate  the  plectrum 
%Plot  2 

sul^lot(212),  %plot  the  spectrum 
plot(Hz,specs) 

title^lot  2  -  single-tone  message  signal  spectrum') 

xlabelCFrequency  in  Hz') 

ylabelCAmplitude') 

pause 

clg 

clear  qxcs; 

%B.  Observe  the  single-tone  AM  SSB  modulated 
%  signals  and  qtectra 

nsbs.usbs]=ssb(U,l/c);  %generate  the  upper  and  Iowa-  sideband  signals 
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«Plot3 


subplot(211).  %pk>t  the  lower  sideband  signal 

plot(t(l:500)Jsbs(l:S00)): 

title^ot  3  -  single-tone  LSB  signal*) 

xlabelCTime*) 

ylabelCAmplitude*) 

%Plot4 

sub];dot(212),  %ploi  detailed  view-no  phase  shifts 
plot(t(l:100).[s(l:100);lsbs(l:100)]) 

tideCPlot  4  -  single-tcme  message  signal,  expanded  LSB  signal') 

xlabdCTime*) 

ylabelCAmplitude*) 

pause 

clg 

%Plot  S 

subplot(211),  %plot  the  upper  sideband  signal 

plot(t(l:500).usbs(l:500)); 

title^lot  S  •  singte-tone  USB  signal*) 

xlabelCTime*) 

ylabelCAmplitude*) 

%Plot  6 

sub|4ot(212),  %plot  detailed  view-no  phase  shifts 

plot(t(l:100),[s(l:100);usbs(l:100)]) 

titleCnot  6  •  single-tone  message  signal,  expanded  USB  signal*) 

xlabein'ime') 

ylabelCAmplitude*) 


pause 

clg 

[q)eclsbsjlz]=spectral(lsbs,delta_t);  %generate  the  lower  sideband  ^)ectrum 
%Hot7 

subi4ot(211),  %plot  the  lower  sideband  spectrum 
plot(Hz,q)ecIsbs); 

title(l*lot  7  -  sin^e-tone  LSB  q)ectnim') 
xlabelCFrequency  in  Hz') 
ylabelCAmplitude*) 
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q)ecudi6>cs])ectRd(iisbs4dta_0;  %geaeraie  the  iQ)per  sideband  qxctnim 
%Plot8 

sub|)lot(212),  %plot  the  upper  sideband  spectrum 
p]ot(Hz,specusbs); 

title^ot  8  -  single-tone  USB  qpectrum') 
xIabelCFiequency  in  Hz') 
ylabelCAmplitude') 

clear  ^)ecusbs;clear  speclsbs; 

pause 

dg 

%C.  Verify  the  power  and  bandwidth  of  the  SSB  signals 

lsb_pk_pwr_sngl=((max(lsbs))^2)/2  %find  the  peak  power 

(psdlsb41z>=psd(lsbs,delta_t);  %generate  the  lower  sideband  power 
%spectial  density 

lsb_avg_pwr_sngl=sum(psdlsb)  %Gnd  average  power  by  summing  the  power 
%spectral  densities 

%Plot9 

subplot(211},  %idot  the  lower  sideband  power  qjectral  density 
piot(Hz]psdlsb) 

titkCPlot  9  -  single-tone  LSB  power  spectral  density*) 
xlabelCFrequency  in  Hz') 
ylabelCPower  qiectral  density*) 

clear  psdlsb; 

usb_idc_pwrj5ngls((max(usbs))^2)/2  %find  the  peak  power 

psdusb9^psd(usbs^ta_t);  %generate  the  ig)per  si^band  power 
%^)ectral  density 

usb  avg  pwr  snglasumfpsdusbl  %find  average  power  by  summing  the  power 
%q)ectral  densities 

%PiotlO 

subplot(212),  %i4ot  the  upper  sideband  power  spectral  density 
l^otCIbjpsdusb) 

dtle^ot  10  -  single-tone  USB  power  q)ectral  density*) 
xlabdCRtequency  in  Hz*) 
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ylabdCPower  ^Kctral  density*) 

cletfpsdusb; 

pause 

cig 

%D.  Observe  the  recovery  of  the  SSB  signals 

demodlsbsscos(2*pi*fc*t).*lsbs;  %iecover  the  signal  by  multiplying  by 
%the  carrier 

clear  Isbs; 

[r6Cspeclsl>sJHzifUsbs]sspectral(demodlsbs,delta_t); 
clear  demodlsbs; 

%Plot  11 

subplot(21 1),  %{dot  the  remodulated  Isb  spectrum 
piot(Hzjecq)eclsbs) 

titleCPiot  11*  single-tone  demodulated  LSB  spectrum  prior  to  filtering’) 

xlabelCFrequency  in  Hz’) 

ylabelCAmplitude’) 

clear  recspeclsbs; 

ieclsbsstecoverm(ffilsbs,’ideallow’ Jlz,cutofO:  %recovcr  and  Glier 
clear  fftl^ 

bigreclsb»szeclsbs*4;  %ainplify  rignal 
%Plot  12 

sulq>lot(212).  %plot  the  recovned  signal  on  top  of  the  message  signal 
plot(t(l;500),[s(l:500)yeclsbs(l  :500)]) 

titleCHot  12  -  single-tone  message.  LSB  recovered,  and  amplified  signals’) 

xlabelCTime’) 

ylabelCAmplitude’) 

htddon 

pause 

plot(t(l:500).bigreclsbs(l:500),’b’) 
hold  off 


pause 


clg 


demodusbs>BCOs(2*pi*fc*t)  *usbs;  %iecover  the  signal  by  multiplying  by 
%thecarriff 


clear  usbs; 
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[iecspecusbs4iz,fiftusbs]sspeciral(deaK)dusbs^ 
clear  demodusbs; 


%Piot  13 

sut^lotQll),  %plot  the  lemodulated  usb  spectrum 
piot(Hz/ecq)ecusbs) 

titk^ot  13  •  singl^tone  demodulated  USB  spectrum  prior  to  filtering') 

xlabelCFiequency  in  Hz') 

ylabelCAmplitude') 

clear  recqiecusbs; 

recusbs=4ecoverm(fiftusbs,'ideallow'JIz^utofO;  %recover  and  filter 
clear  Stusbs; 

btgrecusbssiecusbsM;  %amplify  signal 
%Plot  14 

subplot(212),  %plot  the  recovered  signal  on  top  of  the  message  signal 
plot(t(l:5Q0).[s(l  :S00);recusbs(l  :S00)]) 

titleCPlot  14  >  single-tone  message,  USB  recovered,  and  amplifled  signals') 

xlabd(Time') 

ylabelCAmplitude') 

hold  on 
pause 

plot(l(l;500)4rigrecusbs(l;500),1>7 
hold  off 

pause 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%% 

%Part  2~Observe  the  AM  SSB  modulation  process  with  multi-tone 
%  input 

%A.  Generating  the  signal  and  spectrum 

dear 

clg 

delta_u:.0001; 
tBO:delta.t:l;  %time  vector 

%multi-tone  signal 

s=5*cos(2*pi*400*t)+12*cos(2*pi*230*t)+20*cos(2*pi*170*t); 

ftsSOOO;  %modulating  frequency  for  the  carrier  signal 
cut(rf]M20;  %ideal  lowpass  niter  cuterff  frequency  for  multi-tone 
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%I>lot  IS 


sulvlot(211),  %plot  the  signal 

pk>t(Kl:SOO)^l:SOO)) 

title^tn  IS  •  multi-tone  message  signal*) 

xlabelCTime*) 

ylabelC  Amplitude*) 

[specsJiE]«spectial(s,delia_t):  %generate  the  spectrum 
%Plot  16 

subplot(212),  %plot  the  plectrum 
plot(Hz;5pecs) 

titleCPlot  16  •  multi-tone  message  signal  spectrum*) 
xlabelCFrequency  in  Hz*) 
ylabelC  Amplitude*) 

pause 

clg 

clear  specs: 

%B.  Observe  the  multi-tone  AM  SSB  modulated 
%  signals  and  q)ectra 

[lsbs,usb8]sssb(us,14c);  %generate  the  and  lower  sideband  signals 
%Plot  17 

subplot(21 1).  %plot  the  lower  sideband  signal 

plot(i(l:S00)asbs(l:S00)); 

titleCPlot  17  -  multi-tone  LSB  signal*) 

xlabelCTime*) 

ylabelCAmplitude*) 

%Plotl8 

sulqdot(212),  %pk)t  detailed  view-no  phase  shifts 

plot(t(l:100).[s(l:100);isbs(l:100)]) 

title^lot  18  -  multi-tone  message  signal,  erqxmded  LSB  signal*) 

xlabdCTime*) 

ylabelCAmplitude*) 

pause 

clg 

%Plotl9 
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»itvlot(211),  %plot  the  iqiper  sideband  signal 

plot(t(l:SOO).iisbs(l:SOO)); 

titleCPlot  19  •  multi-tone  USB  signal*) 

xlabel(Tinie') 

ylabelC  Amplitude*) 

%Plot20 

subi4ot(212),  %plot  detailed  view-no  phase  shifts 
plot(t(l:  100).[s(l:  100);usbs(l:  100)]) 

title^lot  20  •  multi-tone  message  signal,  expanded  USB  signal') 

xlabelCnme*) 

ylabelCAmplitude*) 

pause 

clg 

[speclsbs  Jlz]sspectral(lsbs^lta_t);  ^generate  the  lower  adeband  spectrum 
%Plot  21 

subplot(211).  %plot  the  lower  sideband  spectrum 
plot(Hz.specisbs); 

dtleCPlot  21  •  multi-tone  LSB  spectrum') 
xlabelCFirequency  in  Hz') 
ylabelCAmplitude*) 

q;)ecusbssq)ectral(usbs.delta_t);  %generate  the  upper  sideband  spectrum 
%Plot  22 

subplot(212),  %plot  the  upper  sideband  plectrum 
p)ot(Hz.q)ecusbs); 

title^lot  22  -  mdti-ume  USB  spectrum*) 
xlabelCFiequency  in  tk*) 
ylabelCAmplitude*) 

clear  specusbs;clear  speclsbs; 


pause 

clg 

%C.  Observe  the  recovery  of  the  SSB  signals 


demodIsbsscos(2*pi'*'fc*t)  *lsbs;  %recover  the  signal  by  multiplying  by 
%the  carrier 


clearly 
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[icc^)eclsbs.HzjBUsbs]a«pectral(demodlsbs,deltaj); 
clear  demodisbs; 

%Plot  23 


subpk>t(21 1),  %plot  the  remodulated  Isb  spectnun 
plot(lb/ecq]eclsbs) 

titleCPlot  23  *  multi'tone  demodulated  LSB  spectrum  prior  to  filtering') 

xlabelCFrequcncy  in  Hz') 

ylabelCAmplitude*) 

clear  iecq)eclsbs; 

ieclsbs=tecoverm(fftlsbs,'ideallow'Jlz.cutoff);  %recover  and  filter 
clear  ffilsbs; 

bigreclsbssieclsbs*4;  %amplify  signal 
%Plot  24 

subplot(212),  %plot  the  recovered  signal  on  top  of  the  message  signal 
plot(t(l:500),[s(l:500);reclsbs(l:500))) 

titleCPlot  24  -  multi-tone  message,  LSB  recovered,  and  amplified  signals') 

xlabel(Time') 

ylabelC  Amplitude*) 

hold  on 
pause 

plot(t(l:500),bigieclsbs(l:500).'b’) 
hold  off 

pause 

clg 

demodusbs=cos(2'*pi*fc*t).'''usbs;  %iecovCT  the  sipial  by  multiplying  by 
%the  carrier 

clear  usbs; 

[recspecusbsJlzJftusbs]=spectral(demodu^s,delta_t); 
clear  demodusbs; 

%Plot  25 

sulq>lot(21 1),  %plot  the  remodulated  usb  spectrum 
plotCHzjrecqiecusbs) 

titleCnot  25  •  multi-tone  demodulated  USB  spectrum  prior  to  filtering') 

xlabelCFrequency  in  Hz') 

ylabelCAmplitude*) 

clear  rec^pecu^s; 
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iecusbs»iecovenn(fftiisbs;kkalIow‘^.cu^  %recover  and  filter 
clear 

bigrecusbssrecusbsM;  %ainplify  signal 
%Piot  26 

subplot(212).  %plot  the  recovered  signal  on  top  of  the  message  signal 
plot(t(l:500),[s(l  :500);reciisbs(l  :500)]) 

titleCPlot  26  -  multi-tone  message,  USB  recovered,  and  amplified  signals') 

xlabelCTime') 

ylabelC  Amplitude*) 

hold  on 
pause 

plot(t(l:500),bigrecusbs(l:500),'b') 
hold  off 
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EO  3513  Computer-aided  Laboratory  7  Key 
Conventional  Amplitude  Modulation 
(Conventional  AM) 


Question  1 


Answer: 


Question 


Answer: 


:  Calculate  the  following  values  for  the  single-tone  message 
signal: 

peak  power 
average  power 
baseband  bandwidth 


peak  power  = 


Pp 


Ap^ 

2  =>12/2  =>0.5 


P  =  Ao"+ii;(AN^+BN^) 

average  power  =  ^  N=i  =>  12/2  =>  0.5 

bandwidth  =  150  Hz 


:  Predict  the  following  values  for  the  single-tone  convent'  .al 
AM  signal: 

peak  power 
average  power 
bandwidth 


peak  power  =  Pp  =  (1  +  m)2  Pc=>  (1  +  0.8)2  *  o.5  =>  1.62 


average  power  = 


=>(1  +(0.82/2))*0.5  =>0.66 


bandwidth  =  300  Hz 
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Question 

Answer: 

Question 

Answer 

Question 
Answer: 
Question  6 


From  Mot  5,  obtain  the  values  representing  peak  and  average 
power  for  the  single-tone  conventional  AM  signal,  and  record 
them. 

Do  your  calculations  for  bandwidth  and  power  agree  with  the 
computer-generated  values  and  spectrum? 

peak  power  =  1.6172 
average  power  =  0.6598 

Yes — calculations  agree. 

i:  Refer  to  Plot  5  and  estimate  the  percentage  of  power  contained 
in  the  carrier.  What  might  be  an  advantage  of  having  this 
amount  of  power  transmitted  in  the  carrier  as  opposed  to 
transmission  in  the  sidebands? 

When  m  =  1,  approxiraately  33%  of  the  total  average  power  is  carried  in  die 
sidebands,  mal^g  the  percentage  of  power  in  the  carrier  approximately 
67%.  The  signal  shown  in  Plot  S  had  a  value  of  m  =  0.8.  Approximately 
75%  of  the  power  appears  to  be  transmitted  in  the  carrier. 

Transmitting  a  high  percentage  of  power  in  the  carrier  makes  the  carrier 
easier  to  detect 

:  What  result  of  overmodulation  prevents  the  use  of  an  envelope 
detector  for  the  conventional  AM  signal? 

The  presence  of  phase  shifts  in  the  overmodulated  conventional  AM  signal 
prevents  use  of  an  envelope  detector 

:  What  type  of  detection  is  needed  for  an  overmodulated 
conventional  AM  signal?  Why? 

Coherent  detection  (detection  using  the  carrier)  is  necessary  for  an 
overmodulated  conventional  AM  signal.  The  phase  shifts  preclude  envelope 
detection. 
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Amplitude  Amplitude  Amplitude  Amplitude 


Plot  1  -  smsle-tone  message  signal 


0.005  0.01  0.015  0.02  0.025  0.03  0.035  0.04  0.045  0.05 


Plot  2  -  single-tone  message  signal  s 


500  1000  1500  2000  2500  3000  3500  4000  5000 

Frequency  in  Hz 

Plot  3  -  single-tone  conventional  AM  signal 


0.005  0.01  0.015  0.02  0.025  0.03  0.035  0.04  0.045  0.05 

Time 


Plot  4  -  single-tone  conventional  AM  soectrum 


- 2000  Hz  with  amplitude  =  1 

^ - 2150  Hz  with  amplitude  =  0.4 

bandwidth  300  Hz 


Amplitude  Amplitude  Power  spectral  density 


Plot  5  -  single-tone  conventicwal  AM  power  spectral  density 


500  1000  1500  2000  2500  3000  3500  4000  4500  5000 

Frequency  in  Hz 

NO  PLOT  HERE- JUST  PRESS  RETURN 


2 


0 


-2 

0.015  0.016  0.017  0.018  0.019  0.02  0.021  0.022  0.023  0.024  0.025 

Tune 


0.015  0.016  0.017  0.018  0.019  0.02  0.021  0.022  0.023  0.024  0.025 

Time 


Computer-aided  Laboratory  7  Key— page  4 


Amplitude  Anplitude  Amplitude  Amplitude 


Frequency  in  Hz 


0.015  0.016  0.017  0.018  0.019  0.02  0.021  0.022  0.023  0.024  0.025 

Time 


2 

0 

-2 

0.015  0.016  0.017  0.018  0.019  0.02  0.021  0.022  0.023  0.024  0.025 

Time 
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Plot  12  -  muld-tone  message  signal 


0.005  0.01  0.015  0.02  0.025  0.03  0.035  0.04  0.045  0.05 


I 


Plot  13  -  multi-tone  message  signal  soectrum 


-  lOOHz 

-  300Hz 

-  400Hz 


bandwidth  400  Hz 


500  1000  1500  2000  2500  3000  3500  4000  4500  5000 

Frequency  in  Hz 

Plot  14  -  multi-tone  conventional  AM  signal 


0.005  0.01  0.015  0.02  0.025  0.03  0.035  0.04  0.045  0.05 


Plot  15  -  multi-tone  conventional  AM  s 


Amplitude  Amplitude 


labTscr.m 

%Coinputer-aided  Lab  7  script  for  student  use 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%% 
%COinputer-aided  Lab  7  Conventional  Amplitude  Moduiation- 
%  Conventional  AM 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%% 
%PART  l~Observe  the  conventional  AM  modulation  process 
%  using  single-tone  input 
%A.  Genoating  the  signal  and  plectrum 

clear 

clg 

delta_t=.0001: 
tsO:delta_t:l;  %time  vector 
s»cos(2*pi*lS0*t);  %single-tone  signal 

fc=2000;  %modulating  fiequency  for  the  carrier  signal 
fsslSO;  %highest  frequency  in  the  message  signal 
ms.8;  %conventional  AM  modulaticM)  index 
over_m=U:  %index  for  overmodulated  signal 

cutoffl=1800;  %k)wer  cutoff  frequency  for  ideal  bandpass  filter 
%for  single-tone  signal 

cutoff2s2200;  %upper  cutoff  frequency  for  ideal  bandpass  filter 
%for  single-tone  signal 


%Plot  1 

sut^lot(2ll),  %plot  the  signal 

pk>t(t(l:500)Xl:500)) 

titleCPlot  1  •  single-tone  message  signal*) 

xlabeicnme*) 

ylabelC  Amplitude*) 

[qpecsjlz]»q)ectral(s,delta_t);  %4;eneiate  the  spectrum 
%Plot2 

subplot(2l2),  %plot  the  plectrum 
plot(Hziq;)ecs.  ’gO 

titleCPlot  2  -  single-tone  message  signal  qiectrum*) 
xlabelCFrequency  in  Hz*) 
ylabelC  Amplitude*) 

pause 
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r 


cig 

%B.  Observe  the  conventional  AM  signal  and  spectnun 
convaniS3C(mv_ani(s4eltiL.t>fc4n); 

%Plot3 


sul^lotQll),  %plot  the  conventional  AM  modulated  signal 

plot(t(l  :S00),convams(l  :S00)) 

titleCPlot  3  -  single-tone  conventional  AM  signal*) 

xlabdCTime*) 

ylabelC  Amplitude*) 


[convamspec41zjfItconvams]=spectral(convams.delta_t):  %generate  the  modulated 

%specirum 


%Plot4 


subplol(212).  %plot  the  modulated  spectrum 
plot(Hz,convamspec.  *b*) 

titleCPlot  4  -  single-tone  conventional  AM  spectrum*) 

xlabcl(Time*) 

ylabelC  Amplitude*) 


pause 

clg 

%C.  Verify  the  power  and  bandwidth  of  the  conventional  AM  signal 

cam_peak_powep=((niax(convams)y'2)/2;  %find  the  peak  power 

psdcam=psd(convams,delta_t);  %generate  the  power  spectral  density 

cam_avg_powa^sum(psdcam);  %find  average  power  by  summing  the  power 
%spectral  density  values 
strl=num2str(cam_peak_power); 
str2=num2strtcam  avg  power): 

%Plot5 

subpIot(21 1),  %plot  the  power  q)ectral  density  for  the  modulated  signal 
plot(Hzj)sdcam) 

title^ot  S  •  single-tone  conventional  AM  power  qrectral  density*) 

xIabelCFrequency  in  Hz') 

ylabelCPower  qtectral  density*) 

text(.5r8.[’PEAK  POWER*'  strl],'sc*) 

text(^,.7.rAVG  POWER*'  str2],'sc') 
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subpIot(2l2), 

titleCNO  PLOT  HERE-JUST  PRESS  RETURN^ 

pause 

clg 

%D.  Recover  and  detect  the  conventional  AM  signal 
%iecover  and  filter 

filtsigsTO»venn(ffitcoovanis,'idealbnd' JHz^tofil  ^utofi2): 
filtsigafiltsig(l:300);  %shoiten  the  vector  for  speed 
envsigsenvelope(filtsig):  %envelope  detect  the  signal 

bigsigs(envsig-l)An;  %reniove  DC  value  and  divide  by  m 

%Plot  6  %plot  the  envel(^  detected  signal  over  the 
%recovered  signal 
subplot(211). 

plot(t(151:250).[filtsig(151:250);envsig(151:250)l) 
tiUeO^  6  -  single-lone  filtered  and  envelope-detected  signals') 
xlabelCTime') 
ylabelCAmplitude*) 

%plot  the  message  signal  over  the 
^amplified  envekqte-detected  signal 

%Plot  7 
subplot(212), 

plot(t(lSl:2S0).bigsig(lSl:2S0)) 

titleCPlot  7  •  single-tone  envelcqie-detected  and  message  signals’) 

xlabeinime') 

ylabelCAmplitude') 

hold  on 

pause 

plot(t(151:250).s(151:250).  'b’) 

Mi  off 

pause 

clg 

%%%%%%%%%%%%%%%%%%%%%%%%%% 

%PART  2-Observe  the  effect  of  oveimodulating  the 
%  conventional  AM  signal 
%  A.  Observe  the  overmodulated  conventional  AM  signal 

dear 

clg 
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(!lelia_^.0001; 

M):delt«_t:l;  %tiine  vector 
SBCOs(2*pi*lS0*t);  %single-U)ne  signal 

fcs2000:  %inodulatingfireqiiency  for  the  carrier  signal 
fsslSO;  %highest  frequency  in  the  message  signal 
ms.8:  %conventional  AM  modulation  index 
over_msl.S:  %in&xfwovennodulaied  signal 

cutofflslSOO;  %lower  cutoff  frequency  for  ideal  bandpass  filter 
%for  single-tone  signal 

cutofE2s2200:  %iq)per  cutoff  frequency  for  ideal  bandpass  filter 
%f(M'  single-tone  signal 

oconvamssconv_am(s.delta_t/c.over_m);  %oveimodulate  the  signal 
%Plot  8 


subplot(21 1),  %plot  the  overmodulated  signal 
plot(t(l  :S00),oconvams(l  :S00)) 

title(1Plot  8  -  single-tone  overmodulated  conventional  AM  signal*) 

xlabel(Time’) 

ylabelC  Amplitude') 


[oconvamspec  Jfz,fftconvamsl=spectral(oconvams,deita_t);  %generate  the  modulated 

%spectrum 


%Plot9 


subplot(212),  %plot  the  spectrum  of  the  overmodulated  signal 
plot(Hz,oconvamspec,  ’g*) 

titleCPlot  9  -  spectrum  of  overmodulated  conventional  AM  signal') 
xlabelCFrequency  in  Hz') 
ylabelC  Amplitude*) 


pause 

clg 

%B.  (%serve  the  effect  of  overmoduladon  on  recovery 

frltsig=recoverm(ffitconvams,'idealbnd' Jlz^utoffl  ^utoff2); 
filtsig=riltsig(l:300);  %shoiten  die  vector  for  speed 
envsig=envelope(filtsig);  %use  envelope  detector 
bigsig=((envrig-l)/m);  %remove  DC  value,  divide  by  m 


%Plot  10  %plot  the  envelope  detected  signal  ovo'  the 
%recovered  signal 
subplot(211). 
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plot(t(lSl:2S0),[fUtsig(lSl:2S0);envsig(lSl:2S0)]) 

titk(inot  10  -  filtered  and  envelopcHfeiecicdoveimoduiated  signals') 

xlabdCTime') 

ylabelC  Amplitude’) 

%plot  the  message  signal  over  the 
%am];dified  envek^ie-deiected  signal 

%Plot  11 
subplot(212), 

plot(t(151;250).bigsig(151:250)) 

dtleCPlot  1 1  -  envelq)e-detected  and  message  ovennodulated  signals') 

xlabdCTime') 

ylabelC  Amplitude') 

hold  on 

pause 

plot(t(151:250).s(151:250).  V) 
hddoff 

pause 

clg 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%% 
%PART  ^"Observe  the  conventional  AM  modulation  process 
%  using  multi-tone  input 
%A.  Generating  the  signal  and  qiectrum 

clear 


dclta_t=.0001; 

M):delta_t:l;  %time  vector 

s=5*cos(2*pi*100*t>+4*cos(2*pi'*300*t)+3*cos(2*pi*450*t);  %single-tone  signal 
max_sasmax(s);  %save  value  to  expand  signal  during  detection 

fca2000;  %modulating  frequency  for  the  carrier  signal 
fss4S0;  %highest  frequency  in  the  message  signal 
msj;  %conventional  AM  modulation  index 

cutofflslSOO;  %lower  cutoff  frequency  for  ideal  bandpass  filter 
%for  multi-tone  signal 

cutoff2s2S00;  %upper  cutoff  frequency  for  ideal  bandpass  filter 
%for  multi-tone  signal 


%Ptot  12 

sulq)lot(211),  %plot  the  signal 

plot(t(l:S00).s(l:S00)) 

title^otli-  multi-tone  message  signal*) 
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xlabelCTime'} 

ylabelCAmplUude*) 

[q)ecs,Hz]sq)ectia](s,delia_t):  %geiieiate  the  spectrum 
%Plot  13 

subplot(212),  %pIot  the  spectrum 
pk)t(Hz,q)ecs.  ’gO 

tit]e(Plot  13  •  multi-tone  mess^e  signal  spectrum') 
xlabelCFrequency  in  Hz') 
ylabelC  Amplitude') 


pause 

clg 

%B.  Observe  the  conventional  AM  signal  and  spectrum 


convams=conv_am(s,delta_t^c.m); 

%Plot  14 

subplot(21 1),  %plot  the  conventional  AM  modulated  signal 
plol(i(l:500).convams(l:500)) 

UUeCPlot  14  •  multi-tone  conventional  AM  signal') 

xlabel(Time') 

ylabelC  Amplitude') 


[convamspec  JH[z/ftconvams]aspectral(convams,dclta_t);  %genCTate  the  modulated 

%spectrum 


%Plot  17 


subplot(212),  %plot  the  modulated  spectrum 
plot(Hz,convamspec,  'b') 

dtlcCPlot  15  -  multi-tone  conventional  AM  spectrum*) 

xlabel(Time') 

ylabelC  Amplitude*) 


pause 

clg 

%C.  Recova  and  detect  the  conventional  AM  signal 
%recover  and  filter 

filtsig=iecoverm(fTtconvams,'idealbnd',Hz^uloffl^utoff2); 
fi]tsigsfiltsig(l;300):  %sh(»ten  detsig 
envsigsenvelope(filtsig);  %envelope  detection 
bigsig=(envsig-l)/m;  %remove  DC  value,  divide  by  m 
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biggersigsbigsig^max.s;  ^amplify  the  signal 

%plot  the  complex  envdope-detected  signal 
%Plot  16  %over  the  message  signal 

subplot(211). 

plot(t(151:250),[filtsig(151:250);envsig(151:250)I) 
title^iot  16  •  multi-tone  filteied  and  envelope-detected  signals') 
xlabel(*nme') 
ylabelC  Amplitude') 

%Plot  17  %plot  the  message  signal  over  the  amplified  signal 
subplot(212), 

plot(t(151:250).biggcrsig(151:250)) 

titleCPlot  17  -  multi-tone  envelope-detected  and  message  signals') 

xlabelCnmc*) 

yiabelC  Amplitude') 

hold  on 

pause 

plot(t(151;250).s(151:250).  'b') 
hold  off 
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Question 

Answer: 

Question 

Answer: 

Question 

Answer 


EO  3513  Computer-aided  Laboratory  8  Key 
Frequency  Modulation  (FM) 


1:  Calculate  the  following  values  for  the  single>tone  message 
signal: 

peak  power 
average  power 
baseband  bandwidth 


peak  power  = 


=> 


152/ 2  =>  112.5 


'’  =  Ao’+5t(AN’+BN’) 

average  power  -  ^  w=i  =>  152  /  2  =>  1 12.5 

baseband  bandwidth  =  50  Hz 

2:  Predict  the  following  values  for  the  single-tone  FM  signal: 

peak  power 
average  power 

maximum  frequency  deviation  Af 
transmission  bandwidth 

Pp=i^ 

peak  power  =  2  =>  152  /  2  =>  1 12.5 

average  power  =  A2  /  2  =>  I52  /  2  =>  1 12.5 

maximum  frequency  deviation  =  6  =>  10  *  50  =>  500  Hz 

transmission  bandwidth  «  2  B  f^=>  2  *  10  *  50  =>  1000  Hz 


3:  What  is  the  distance  between  the  sidebands  in  the  FM  spectrum 
shown  in  Plot  4? 

50  Hz  (the  value  of  f^) 
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Question 


Answer: 


Question 


Answer: 


Question 


Answer: 


:  From  Plot  5,  obtain  the  values  representing  peak  and  average 
power. 

Do  your  theoretical  calculations  for  bandwidth  and  power 
agree  with  the  computer-generated  values? 

peak  power  =  1 12.5 
average  power  =  1 12.5 

Yes  -  calculations  agree. 


:  Consult  a  table  of  values  for  Bessel  functions  (or  use  the 
MATLAB  “bessel”  function).  Calculate  the  amplitude  for  the 
spectral  components  shown  in  the  FM  spectrum  in  Plot  4  for  n 
=  0  through  6.  List  each  frequency  by  its  Hz  value  and 
sideband  number  n.  Values  should  be  consistent  with  the 
amplitudes  shown  for  power  spectral  density  in  Plot  5. 


0  =  0(1000  Hz) 
n  =  1  (950,  1050  Hz) 
n  =  2(900,  1100  Hz) 
n  =  3(850,  1150  Hz) 
n  =  4  (800,  1200  Hz) 
n  =  5  (750,  1250  Hz) 
n  =  6  (700,  1300  Hz) 


0.2459  *  15  =  3.6885 
0.0435  •  15  =  0.6525 
0.2546  *  15  =  3.819 
0.0584  *  15  =  0.876 
0.2196  *  15  =  3.294 
0.2341  *  15  =  3.5115 
0.0145  *  15  =  0.2175 


:  Calculate  the  maximum  frequency  deviation  Af  associated  with 
each  of  the  four  values  of  fi: 


0.1 

1 

5 

20 


Af=Bf^=>0.1  *50  =>5Hz 
Af  =  Bfn,=>  1  *50=>  50  Hz 
Af  =  Bfn,=>5*50  =>  250  Hz 
Af  =  B  f„  =>  20  *  50  =>  1000  Hz 
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Answer: 

Question 

Answer: 

Question 

Answer: 

Question 

Answer 


7:  Predict  the  transmission  bandwidth  for  each  of  the  FM  signals 
referred  to  in  Question  6. 

for  B  =  0.1  BT  =  2f„  =>2*50=>  lOOHz 

forB  =  1  Bt  =  2(1  +B)f^  =>2(1  +  l)50=>200Hz 

for  B  =  5  Bt  =  2  (1  +  6)  f^=>  2  (1  +  5)  50  =>  300  Hz 

forB  =  20  BT*2Bfm  =>2*20*50=>  2000Hz 


8:  Calculate  the  following  values  for  the  multi-tone  message 
signal: 

peak  power 
average  power 
baseband  bandwidth 


P  = 

peak  power  =  **  2  =>  20^  /  2  =>  200 

P  =  Ao’+-ji(AN^+BN") 
average  power  =  ^  n=i  => 

104 

baseband  bandwidth  =  75  Hz 


82/2+  122/2=> 


9:  Predict  the  following  values  for  the  multi-tone  FM  signal: 

peak  power 
average  power 

maximum  frequency  deviation  Af 
transmission  bandwidth 


P  =  ^ 

peak  power  =  **  2  =>  20^/ 2  =>200 

average  power  =  A2  /  2  =>  202  /  2  =>  200 

maximum  frequency  deviation  =  B  fn,  =>  10  ♦  75  =>  750  Hz 
transmission  bandwidth  =  2  B  fn,=>  2  *  10  *  75  =>  1500  Hz 


10:  What  is  the  distance  between  the  sidebands  in  the  FM 
spectrum  shown  in  Plot  13? 

50  Hz  (the  value  of  f^,) 
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Question  11:  From  Plot  14,  obtain  the  values  representing  peak  and  average 
power. 

Do  your  theoretical  calculations  for  bandwidth  and  power 
agree  with  the  computer>generated  values? 

Answer  peak  power  =  200 
average  power  =  200 

Yes  -  calculations  agree. 

Question  12:  Calculate  the  value  of  S  associated  with  each  of  the  four 
values  of  Af: 


25 

100 

500 

1000 


Answer:  B  =  Af  /  =>  25  /  75  =>  0.33 

B  =  Af/f„=>100/75=>  1.33 
B  =  Af  /  =>  500  /  75  =>  6.67 

B  =  Af/f„=>  1000  /  75  =>  13.33 


Question  13:  Predict  the  transmission  bandwidth  for  each  of  the  FM  signals 
referred  to  in  Question  12. 


Answer: 

for  B  =  0.33 

for  B  =  1.33 

for  B  =  6.67 

B-p  * 

for  B  =  13.33 

Bp  = 

2  (1  +  6)  fn,  =>  2  (1  +  0.33)  75  =>  250  Hz 

2  (1  +  B)  f^  =>  2  (1  +  1.33)  75  =>  325  Hz 

2  (1  +  B)  f,„  =>  2  (1  +  6.67)  75  =>  725  Hz 

2  B  fn,  =>  2  *  13.33  *  75  =>  2000  Hz 
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Amplitude  Amplitude 
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Plot  2  -  sinjgle-tone  message  spectmm 
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Amplitude  Amplitude  Power  spectral  density  Amplitude 


Frequency  in  Hz 
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Amplitude  Amplitude  Amplitude  Amplitude 


Plot  8  -  single-tone  FM  spytrum,  beta=5.  delta_f=250 
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Plot  9  -  single-tone  FM  spectrum.  beta=20,  delta_f=1000 
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^ _  Plot  1 1  -  multi-t^ne  message  spec^m 

25  Hz  with  amplitude  =  12 

* - 75  Hz  with  amplitude  =  8 

bandwidth  75  Hz 
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Power  spectral  density  Anplitude  Amplitude 


Tune 
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Plot  14  -  multi-tone  FM  power  spectral  density,  beta=10,  delta_f=750 
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Amplitude  Amplitude  Amplitude  Amplitude 
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Plot  15  -  multi-tone  FM  spectrum,  beta=0.3333.  delta_f=25 
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Plot  16  -  multi-tone  FM  spectrum.  beta=1.333.  delta_f=100 
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Plot  17  -  multi-tone  FM  spectrum,  beta=6.667,  delta  f=500 
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Plot  18  -  multi-tone  FM  spectrum,  beta=13.33,  delta_f=1000 

bandwidth  2000  Hz 
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labSscr.m 

%Computer-aided  Lab  8  script  for  student  use 

%%%%%%%%%%%%%%%%%%%%%%%%%% 
%CoRiputer-ai(led  Lab  8  frequency  Modulation  (FM) 
%%%%%%%%%%%%%%%%%%%%%%%%%% 

%Part  1  "Observe  the  FM  modulation  process  for  single-tone  input 
%A.  Calculate  theoretical  average  power,  peak  power,  and  bandwidth 
%  for  the  single-tone  message  signal 

clear 

clg 


delta_u=.0001; 

t=0:delui_t:l; 

AcslS;  %FM  signal  amplitude  for  single-tone  message 
fcslOOO;  %FM  signal  frequency  for  single-tone 
thetjMsO;  %single-tone  value 
fmsSO;  %single-tone  message  signal  frequency 

s=15*cos(2*pi*fm*t);  %single-tone  signal 

%B.  Observe  the  single-tone  message  signal  and  its  spectrum 

%Plot  1 

subplot(21 1), 

plot(t(l:1000),s(l:l(X)0)) 

titleCPIot  1  •  single-tone  message  signal') 

xlabeKTime*) 

ylabelCAmplitude') 

[msg_specjlz]=spectral(s,delta_t); 

%Plot  2 

subplot(212), 

plot(Hz,msg_spec) 

titleCPkM  2  -  single-tone  message  spectrum') 
xlabelCFiequency  in  Hz') 
ylabelCAmplitude') 


pause 

clg 

%C.  Obsove  the  process  of  FM  modulation 
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betBslO; 


%generaie  the  FM  signal 

[£tn_sig4elui_f.betalsfm_inod(tAc/c/m.theta.'none',beta); 

%Plot  3 

subploi(211), 

plol(t(l:200).[s(l:200);fin_sig(l:200)]) 
titleCPlot  3  -  single-tone  message  and  FM  signals') 
xlabel(Time') 
ylabelC  Amplitude') 

subplot(2l2), 

tiUeCNO  KjOT  HERE-JUST  PRESS  RETURN') 

pause 

clg 

%D.  Observe  the  spectrum  of  the  FM  signal 
[fm_spec,Hz]=:spectral(fm_sig,delta_i); 

%Plot  4 
subplot(211), 

plot(H2(l;2000)4^m_spec(l:2000)) 

dtlefCPlot  4  -  single-tone  FM  spectrum,  beta=',,.. 

num2str(beta)  '.delta.f*'  num2str(dclta_f)]) 
xIabelCFrequency  in  Hz') 
ylabelC  Amplitude') 

%E.  Verify  the  power  and  bandwidth  of  the  FM  signal 

psdfm=psd(fm_sig,delta_t); 

fin_pk_pwr_sngl=(max(fin_sig)^2)/2; 
fin_avg_pwr_sngl=sum(psdfm); 
strl=fm_pk_pwr_sngl; 
str2=fm  avg  pwr  sngl: 

%Plot5 

sul^lot(212). 

plot(Hz(l:2000)4>sdfm(l:2000)) 

title([1^  S  •  power  qiectral  density,  beta='... 

num2str(beta)  ',delta_fs'  num2str(delta_f)]) 
xIabelCFrequency  in  Hz') 
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ylabelCPower  q)ectral  density') 
text(.2..35.['PEAK  POWER=’  num2str(sirl)].'sc') 
lext(.6v35,rAVG  POWER=’  nuin2sti<str2}].'sc') 

pause 

clg 

%F.  Control  the  bandwidth  of  the  FM  signal  by  varying  beta 
%Fix  beta  at  values  of  0.1. 1.  S.  and  20 
%Modulate  at  2500  Hz  to  center  the  spectrum 

fc=2500; 

beti^.l; 

[fin_sig,delta_f,beta]=fni_mod(t.AcJc/m.theta.'nonc’,beta); 

fin_q3ec=speclral(fm_sig,delta_t); 

%Plot  6 

subplot(211). 

plot(HzJn)_^>ec) 

title([Plot  6  -  single-tone  FM  spectrum,  beta='  num2str(beta)... 

delt2L.f='  num2str(delta_0]) 
xlabelCFrequency  in  Hz') 
ylabeIC  Amplitude') 


beta=l: 


[fm_sig,dcIta_f,betal=fim_mod(tAc4c4m,theta,’none’,beta): 

&n_specsspectral(fm_sig,delta_t); 

%Plot  7 

subplot(212), 

plot(Hz.fm_spec) 

title([Plot  7  -  single-tone  FM  spectrum,  beta='  num2str(beta)... 

',  delta_f=’  num2str(delta_f)]) 
xlabelCFrequency  in  HzO 
ylabelC  Amplitude') 

pause 

clg 

beta=S; 

[fin_sig,deIta_f.beta]=hn_mod(t,Ac/c/m,theta,'none',beta); 

fm_specsspectral(fm_sig,della_t); 

%Plot  8 
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subplot(211}, 

plot(Hz/in_spec) 

dt]e([Plot  8  -  single-tone  FM  qjectnun,  beia='  num2sU'(beta)... 

deltn_f«'  num2str(delta_0]) 
xlabelCFiequency  in  HzO 
ylabelC  Amplitude') 

betas20; 

[fin_sig.delta_f.beta]s6n_mod(t^c/c/m.theta,'none‘,beta); 

fin_spec=spectral(fm_sig.delia_t); 

%Ptot  9 

subplot(212), 

plot(Hz^m_spec) 

title(rPlot  9  •  single-tone  FM  spectnun,  beta='  num2str(beta)... 

delta_f='  num2str(delta_f)l) 
xlabeKFrequency  in  Hz') 
ylabelCAmplitude') 

pause 

clg 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%% 
%Pail  2"Observe  the  FM  modulation  process  for  multi-tone  input 
%A.  Calculate  theoretical  average  power,  peak  power,  and  bandwidth 
%  for  the  multi-tone  message  signal 

clear 

clg 

delta_ts.0001 ;  %set  signal  and  modulation  variables 
tBO;delta_t:l; 

Acs20;  %FM  signal  amplitude  for  multi-tone  message 
fc= 1 500;  %FM  signal  frequency  for  multi-tone 
theta-[001;  %multi-tone  v^ue 
fms[7S  25];  %multi-(one  frequency  vector 
sss8'*cos(2*pi*75'''t)+12*cos(2*pi*25*t);  %multi-tone  signal 

%B.  Observe  the  multi-tone  message  signal  and  its  ^)ectrum 

%Piot  10 

subplot(211). 

ptot(t(l:1000)^(l:1000)) 
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titleCPlot  10  -  multi-lone  message  signal*) 

xlabel(Time') 

ylabelCAmplitude*) 

[msg_4)ecjl^lsspectral(s/lelta_t); 

%Plotll 


subplot(2l2). 

plot(Hz4nsg_spec) 

titleCPlot  11  -  multi-tone  message  spectrum') 
jtlabelCFrequency  in  Hz') 
ylabelC  Amplitude*) 

pause 

clg 

%C.  Observe  the  process  of  FM  modulation 


beta=10: 


%generate  the  Cm  signal 

[fm_sig,delta_f,beta]=fm_mod(t^c/c/m,theta,'none',beta); 


%Plot  12 


subplot(211), 

plot(t(l;200).[s(l:2(X));fm_sig(l;200)]) 
titleCPlot  12  -  multi-tone  message  and  FM  signals') 
xlabel(Time') 
ylabelC  Amplitude*) 

subplot(212), 

UUeCNO  PLOT  HERE-JUST  PRESS  RETURN') 


pause 

clg 

%D.  Observe  the  spectum  of  the  FM  signal 

Ifm_specJHz)=spectral(fm_sig,delta_t); 

%Plot  13 

subplot(211), 

plot(Hz/m_q)ec) 

title([Tlot  13  -  multi-tone  FM  spectrum,  beta=',... 

num2str(beta)  '.delta.  f='  num2str(delta_f)]) 
xlabelCFnequency  in  Hz’) 
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yiabelC  Amplitude') 

%E.  Verify  the  power  and  bandwidth  of  the  FM  signal 

psdfmspsd(fm_sig,delta_t); 

fm_pkjpwr_mlt!=(ntax(&n_sig)''2)/2; 
fm_avg_pwr_mlt?=sum(psdfm): 
sulsfm  _pk_pwr_mlt; 
str2=fm  avg  pwr  mlu 

%Plot  14 

subplot(212), 

plot(Hzj)sdfm) 

title([Plot  14  -  multi-tone  FM  power  spectral  density,  beta='... 

num2str(beia)  ',dclta_f='  rium2str(delta_01) 
xlabelCFrequency  in  Hz') 
ylabelCPower  spectral  density*) 
texi(.2..35.['PEAK  POWER='  num2str(strl)].'sc') 
text(.6..35.['AVG  POWER='  num2str(str2)].’sc') 

pause 

clg 

%F.  Control  the  bandwidth  of  the  FM  signal  by  varying  delta_f 
%Fix  delta_f  at  values  of  25, 100, 500,  and  1000 
%Modulate  at  2500  Hz  to  center  the  spectrum 

fc=2500; 

delta_f=25; 

[fm_sig,delta_f,beta]=fm_mod(tAc,fc,fm,theta,deIta_f,'none’); 

fm_spec=spectral(fm_sig,delta_t); 

%Plot  15 

subplot(211), 

plot(Hz/m_spec) 

utle([’Plot  15  -  multi-tone  FM  spectrum,  beta='  num2str(beta)... 

’,  delta_f='  num2str(delta_f)]) 
xlabelCFrequency  in  Hz') 
ylabelC  Amplitude*) 

delta_f=l00; 

[fm_sig,delta_f,beta]=fm_mod(tAc/c,&n,theta,delta_f,'none'); 

fm_spec=sspectral(fm_sig,delta_t); 


Computer-aided  Laboratory  8  Key— page  15 


185 


%Plot  16 


subplot(212), 

pk)t(Hz4in_spec) 

titledTlot  16  •  multi-tone  FM  spectrum,  betas'  num2str(beta)... 

delta_fs’  num2str(delta_0]) 
xlabclCFrequency  in  Hz’) 
ylabelC  Amplitude*) 

pause 

clg 

deltajfaSOO; 

[&n_sig,delta_f.beta]=£m_mod(t,Ac/c,fin,theta.delta_f.'none'); 

im_specsspecttal(fm_sig,delta_t): 

%Plot  17 

subplot(211). 

plot(Hz,fm_spec) 

title([Tlot  17  •  multi-tone  FM  spectrum,  beta='  num2str(beta)... 

delta_f='  num2str(delta_0]) 
xlabelCFrequency  in  Hz') 
ylabelCAmplitude*) 

delta_fel000; 

tfm_sig,delta_f,beta]»fm_mod(tAc/c4m,theta,delta_f,'n(me'); 

fin_q)ec=spectral(fm_sig,delta_t); 

%Plot  18 

subplot(212), 

plot(Hzjfm_spec) 

title(rPlot  18  •  multi-tone  FM  spectrum,  beta='  num2str(beta)... 

',  delta_fss'  num2str(detta_0]) 
xlabelCFtequency  in  Hz^ 
ylabelCAmplitude*) 
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EO  3513  Computer-aided  Laboratory  9  Key 
Radio  Frequency  Digital  Modulation  Methods 
(ASK,  FSK,  BPSK,  and  QPSK) 


Answers  will  vary  slightly  due  to  the  random  bitstream  generation. 

Question  1:  Calculate  the  bit  duration  t  for  this  signal. 

From  the  command  window,  obtain  the  values  of  the  first  10 
bits  in  the  bitstream.  Record  these  values. 

Answer:  bit  duration  =  1/bit  rate  =>  1/100  =>  0.01  seconds 

ask_bits  =  0101  101100 

Question  2:  Calculate  the  approximate  baseband  bandwidth  of  the  NRZL 
unipolar  digital  message  signal. 

Answer;  baseband  bandwidth  =  0.5/t  =>  0  5/0.01  =>  50  Hz 

Question  3:  Why  is  ASK  modulation  often  referred  to  as  “on<off  keying”? 

Answer:  The  carrier  is  turned  “on”  and  “off’  to  represent  the  1  ’s  and  O’s  in  the  digital 

message  signal. 

Question  4:  Describe  a  noncoherent  method  of  detection  for  this  ASK 
signal.  Why  will  this  method  work  for  ASK? 

Answer:  Envelope  detection  is  appropriate  for  an  ASK  signal  since  the  only  the 

presence  or  absence  of  the  signal  must  be  detected.  (ASK  is  a  DSB-SC 
signal.) 

Question  5:  From  the  command  window,  obtain  the  values  of  the  first  10 
bits  in  the  bitstream.  Record  these  values. 

Answer  fsk_bits  =  0101011111 

Question  6:  From  the  command  window,  obtain  the  values  of  the  first  10 
bits  in  the  bitstream.  Record  these  values. 

Answer:  bpsk_bits  =1011011111 
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Question  7: 

Answer 

Question  8: 

Answer 
Question  9: 

Answer 


What  are  the  effects  in  the  frequency  domain  of  squaring  the 
BPSK  signal? 

The  spectnim  of  the  BPSK  signal  is  considerably  narrowed,  and  is  shifted 
to  a  Hz  value  twice  that  of  the  carrier  frequency. 

From  the  command  window,  obtain  the  values  of  the  first  10 
bits  in  the  bitstream.  Record  these  values. 

qpsk;_bits  =  0001101100 

What  is  the  chief  advantage  of  quadriphase  shift  keying  over 
bipolar  phase  shift  keying? 

The  information  rate  of  a  QPSK  signal  is  twice  that  of  a  BPSK  signal,  with 
no  increase  in  bandwidth  requirements. 
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Plot  1  -  unipolar  digital  message  signal  for  ASK 
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Plot  2  -  unipolar  ^gital  message  spectrum  for  ASK 
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Plot  4  -  ASK  spectrum 
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_ Plot  7  -  unipolar  digital  message  signal  for  FSK 

0  10  10  11111 


Frequency  in  Hz 


Computer-aided  Laboratory  9  Key-page  4 


190 


Amplitude  Amplitude  Amplitude  Amplitude 


Plot  9  -  enlarged  FSK  and  digital  signals 
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Plot  10  -  FSK  spectrum 
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Plot  12  -  spectrum  of  combined  FSK  signals  prior  to  filtering 


Plot  1 1  -  upper,  then  lower  demodulated  FSK  spectrum  prior  to  filtering 

Bl-. _ 
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Amplitude 
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Plot  13  -  messajse,  recovered  FSK,  and  amplified  sienals 
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Plot  14  -  bipolar  digital  message  signal  for  BPSK 
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Plot  15  -  bipolar  digital  message  spectrum  for  BPSK 
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Amplitude  Amplitude  Amplitude  Amplitude 
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Plot  21  -  nonnalized  recovered  BreK  signal  with  message  signal 


Plot  20  -  demodulated  BPSK  spectrum  pnor  to  filtering 


Plot  22  -  bipolar  digital  message  signal  for  QPSK 
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Plot  23  -  bipolar  digital  message  spectrum  for  QPSK 
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Amplitude  Amplitude  Amplitude  Amplitude 
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AmpHtudi;  Amplitude  Amplitude  Amplitude 
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Anplitude  Amplitude  Aii:q)litude 


Plot  32  -  recovered  and  cnriginal  odd  bit  signals 
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Plot  33  -  recovered  and  original  even  bit  signals 
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,  Plot  34  -  combined  odd  and  even  recovered  signals 
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Iab9scr.in 


%L^  9  script  for  student  use 

€lLQLCIJM.OL(M^(MJ3LOLV-ClL.OLCB<tt^OLOLOL<3^<i^Ct.OLOLOLOL<S^Ct^CL 

%Coinputer-aided  Laboratory  9  Radio  frequency  (RF) 

%  Digital  Modulation 

%%%%%%%%%%%%%%%%%%%%%%%%%%% 

%PARr  l"AmpUtude  Shift  Keying  (ASK) 

%  A.  Generating  the  digital  message  signal 

clear 

clg 

delta  t=.0001; 

fc=800-. 

t»trate=l(X); 

bitstieani=iDund(iand(l:  100));  %generate  the  random  bitstream 
bitstreaffl(l:3)3:[0  1 0);  %ensure  one  of  each  bit  type 
ask_bits=bitstFeam(l ;  10)  %print  the  first  10  bits 
pause 

[nrzlsig.t]=nrzluni(bitstream,delta_t,bitrate):  %genetate  the  digital  signal 
clear  bitstream; 

big_axiss[0 .2  -2  2]:  %sa  manual  scaling  for  graphs 
small_axisa(0 .05  -2  2]; 

axis(big_axis): 

%Plot  1 

sobplot(21 1),  %plot  the  digital  message  signal 
plot(M>rzteig) 

title^lot  1  -  unipolar  digital  message  signal  for  ASK*) 

xlabelCTime') 

ylabelCAmplitude*) 

axis;  %iielease  manual  scaling 

[nrz]^)ec4fz]sq)ecttal(ntzlsig,delta_t);  %geneiate  the  message  spectrum 

%Plot2 

sulq>lot^l2), 

ploi(Hz(l:2000)4Uz]^)ec(l:2000),  'b') 

titleCPlot  2  •  unipolar  digital  message  spectrum  for  ASK*) 
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xlabelCF^uency  in  Hz') 
ylabelCAmplitude') 

clear  ntzlq)ec; 

pause 

clg 

%B.  Generating  the  ASK  signal 

asksig=nrzlsig.*cos(2*pi'*'fc'*t};  %generate  the  ASK  signal 
axis(small_axis); 

%Plot  3 

subplot(21 1),  %pIot  the  ASK  signal 
plot(t,asksig) 

titleCPlot  3  -  ASK  signal') 

xlabel(Time') 

ylabelCAmplitude*) 

axis:  %release  manual  plot  scaling 

[ask^pec  Jlz4skfilt]sspectral(asksig,delta_t);  %genetate  the  ASK  spectrum 

%Plot  4 

subplot(212). 

plot(Hz(l:2000),askspec( 1:2000),  'g') 
titleCPlot  4  -  ASK  spectrum') 
xlabelCFrequency  in  Hz') 
ylabelCAmplitude') 

pause 

clg 

%C.  Filtering  and  recovering  the  ASK  signal 
%bandpass  filter  and  recover 

tecaslcsrecovenn(askfft,'i^bnd'Jlz4c-bitrate4c+bitnue): 
clear  askfit; 

deinodadt=tecask.'*cos(2*pi'*fc*t);  %multiply  by  carrier  in  time  domain 
deariecask; 

[demodspecJlz,demodfifl]=spectial(demodask,delta_t);  %observe  spectrum 
clear  denxxiask; 

%PlotS 
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subplot(211), 

ldotOHz(l:2000)4emo(ispec(l:2000)) 

titleCPlot  S  -  demodulate  ASK  spectrum  prior  to  filtering') 

xlabeiCFiequency  in  Hz’) 

ylabelCAmpIitue*) 

deardemodspec; 

%lowpass  filter  and  recover 
iecdemodadc;=recov»m(demodfft,'ideallow'JIz.bitrate): 
clear  demodffi; 

ampsigsrecdemodask*2;  %amplify  recovered  signal 
axis(big_axis); 

%Plot  6 

subplot(212).  %plot  message,  recovered,  and  amplified  signals 
|4ot(t,[recdemoda^nizlsig]) 

titleCPlot  6  -  recovered  ASK  signal,  message  signal,  amplified  signal') 

xlabelCTime') 

ylabelCAmplitude') 

hold  on 

pause 

plot(t,ampsig,*b’) 
hold  off 
pause 

%%%%%%%%%%%%%%%%%%%%% 

%PAKr  2-Frequency  Shift  Keying  (FSK) 

%A.  Generating  the  ^gital  message  signal 

clear 

clg 

delta_t:=.0001;  %set  variables 

low_fie(j=500; 

hi_^reqal500: 

iHtrateslOO; 

bitstreamsioiB)d(rand(l:  100));  %generate  the  random  bitstream 
bitstieam(l:3)s[0 1  oj;  %ensure  at  least  one  of  each  bit  type 
fskj>its=bitstream(  1 : 1 0) 
pause 

big_axiss[0 .2  -2  2];  %set  manual  scaling  for  graphs 
smalljBxissfO  .05  -2  2]; 
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[iiiz]sig.tla4irzluni(lMtstieani,delta_t,bitratB):  %generate  the  digital  signal 
clear  bitstream; 

axis(big_axi$); 

%Ploi7 

subplot(211), 

ploi(tjii^ig) 

title^ot  7  •  unipolar  digital  message  signal  for  FSK') 

xlabcl(Time') 

ylabelC  Amplitude*) 

axis;  %release  manual  scaling 

%observe  the  NKZL  spectrum 
[nizlspecJlz]=spectral(nrzisig,deIttLt); 

%Plot  8 

subplot(212), 

plot(Hz(l:2000).nrzlspec(l:2000).  'b') 

title^lot  8  •  unipolar  digital  message  spectrum  for  FSK') 

xlabelCFrequency  in  Hz') 

ylabelCAmplitude') 

pause 

clg 

%B.  Generating  the  FSK  signal 

fsksig=fsk(iuzlsig,delta_t.bitiatedow_fire(] Jij_fineq);  %geneiate  the  FSK  signal 
axis(smalLaxis);  %manually  scale  gn^h 
%Plot  9 

subplot(21 1),  %FSK  signal  plotted  over  message  signal 
plo^t,[nrzlsig;fsksig]) 

dtle^lot  9  •  enlarged  FSK  and  digital  signals') 

xlabd(Time') 

ylabelCAmplitude’) 

axis;  %idease 

[ftk^pec Jlz,MfFt]«q)ecttal(Csksig4eIta_t);  %observe  the  FSK  spectrum 
%PlotlO 
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subplot(212}, 

pk)t(Hz(l:2000)/skspec(l;2000),  'g') 
10  •  FSK  q>ectruin') 
xlabelCFiequency  in  ib*) 
ylabelC  Amplitude*) 


pause 

clg 

%C.  Coherent  detection  of  the  FSK  signal 

%bandpass  filter  and  recover  the  FSK  signal 
iecsig:=recovefin(fskfft.'idealbnd'JlzJow_fireq-bitrateJu_freq+bitrate); 
clear  &kfft; 


%lowerfiequency 

<Vi‘jw<vlf!dflnweraiBcsig-*co.«i(2*pi*low_freq*t);  ^multiply  by  carrier  in  time  domain 
[demodspecl^]sspectial(demodfsklower.^lta_t);  %generaie  spectrum 

%upper  frequency 

demodfskupper=recsig.*cos(2*pi'^hi_fireq*t):  %multiply  by  carri^  in  time  domain 
[demod^)ecuJHht]s^)ectial(deinodfskupper.delta„t);  %generate  spectrum 


%Plot  11 

subplot(211),  %plotiq)pa’ and  lower  demodulated  signals 
];dot(Hz(l:2000),demod^)ecu(l:2000)} 

title^lot  1 1  -  upper,  thm  lower  demodulated  FSK  spectrum  prior  to  filtering') 

xlabelCFrequency  in  Hz} 

ylabelC  Amplitude*) 

hddon 

pause 

plot(Hz,demod^pecl,*b*) 
hold  off 

clear  demodspecUctetr  demodspecu; 

combsigsdenoodfskupper-demodfsklower,  %combine  signals  in  time  domain 
clear  demod&kkrwenclear  demodCdoipper, 

[combq)ec4Iz>combfft>:q)ectral(combsig,delta_t);  %q)ectrum  of  combined  signals 
dearcombsig; 
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%Piot  12 


siibplot(2l2). 

pk)ti^l:2000),coinb^(l:2000)) 

titleCPlot  12  -  qiectnun  of  combined  FSK  signals  priot  to  filtering ) 
xlabelCRequency  in  Hz') 
ylabelCAmpIitude*) 
clear  combspec; 

pause 

clg 

%Iowpass  filter  and  recover 

recfsfc=recovcrm(combfPt,’ideaUow’4fe,bitratc); 

clear  combfifi; 

amprecfsl^recfsk*2;  ^amplify  signal 

axis(big_axis); 

%PIot  13 

subplot(211). 

plot(t,liH2lsig;iecfsk]) 

title^lot  13  -  message,  recovered  FSK,  and  amplified  signals') 

xlabel(Time') 

ylabelCAmpIitude') 

hold  on 

pause 

plot(t,amiHec£5fc,b') 

bold^ 

subplot(2l2), 

titleCNO  PLOT  HERE-JUST  PRESS  RETURbr) 
pause 

%%%%%%%%%%%%%%%%%%*%«>%%% 

%PAKr  3-Binary  Phase  Shift  Keying  (BPSK) 

%  A.  Generating  the  digital  message  signal 

dear 

clg 

delta_t!=.000l; 

fc-800; 

bitralBsKX^ 

bitstieam»«)und(rand(l:100));  ^generate  the  random  bitstream 
lHtstream(l:3)s[l  0  IJ;  %cnsure  one  of  each  bit  ^ 
bpsk_lHis^itsiieam(l :  10) 
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pause 


[iirzIsig^]»iBzIbi(bitstreain4elta_t,bitrate);  %generate  the  digital 

%inessage  signal 


dearUtstream; 


big_axisa[0 .2  -2  2];  %set  manual  scaling  for  graphs 
sniall_axiss[0 .05  -2  2]; 

axis(big.axis); 

%Plotl4 


sulqplot^l  1),  %plot  the  message  signal 
plo^Uuzlsig) 

title^ot  14  •  bipolar  digital  message  signal  for  BPSK*) 

xlabel(Time') 

ylabelCAmplitude') 

axis;  %release  manual  scaling 

[nrzlspec.lbe]=ig)ecttal(nrzlsig,delta_t);  ^generate  the  message  spectrum 
%Plot  15 


Sttbplot(212), 

plofi(Hz(l:2000)4irzlspec(l:2000),  'g*) 

titleCPiot  15  •  bipolar  digital  message  q)ectrum  for  BPSK*) 

xlabelCFrequency  in  Hz') 

ylabelCAmplitude') 

clear  mzl^xc; 


pause 

clg 

%B.  (koetating  die  BPSK  signal 


bpsksigBnrzlsig.*cos(2*pi*fc.*t);  %generatB  the  BPSK  signal 

axis(sniall_axis);  %set  manual  scaling 

%Pk>tl6 

8ubido^21 1),  %plot  the  BPSK  signal  over  the  message  signal 
ldot(t,bpsksig) 

tit]e(l*kH  16  •  enlarged  BPSK  signal  and  message  agnal') 
xlabelCnnie') 
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ylabeiCAmplitude') 

hold  on 

pause 

plot(tjuzlsig.'b') 

hoMoff 

[lq)sk^)ecJEIz]«^)ectnil(bpsksig.delia_t); 

%Plot  17 

subplot(212).  %pk>t  the  BPSK  spectrum 
pht(Hz(l:2000).bpskspec(l:2000).  'g") 
title^ot  17  •  BPSK  spectnim*) 
xlabelCFiequency  in  Hz') 
ylabeiCAmplitude') 
clear  bpskqicc; 

pause 

clg 

%C.  Coherent  detection  of  the  BPSK  signal 

squarel^sksbpsksig.^2;  %square  the  BPSK  signal  in  time  domain 

div_sigs&eq_div(squarebpsk,Uc);  %divide  the  frequency  in  half 

squarespeca:q)ectral(squaiebpsk,delta_t); 

[div_spec»Hz^v_fft]s=^)ectral(div_sig,delta_t); 

clear  squarebpsk; 

%Plot  18 

sulq>lot(21 1),  %pk>t  the  squared  signal  ^tectrum-iianow  at  2fc 

ldot(Hz(l:2000);squarespec(l:2000)) 

dtleCTlot  18  -  squaed  BPSK  qtectrum') 

xlabelCFireqoency  in  Hz') 

ylabeiCAmplitude') 

clear  square^tec; 

%not  19 

subplotQ12), 

pIot(Hz(l:2000)/Iiv.spec(I:2000).  'b7 

dtleO^  19  •  squared  and  frequency  divided  BPSK  qtectrum') 

xlabdCRrequency  in  Hz') 

ylabelCAmiditude') 

clear  div^spec; 
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pause 

dg 

rec_bpslcBfecovenn(div_f!t,'idealk>w'JHz,1000);  %iecover  via  lowpass  filter 
clear  div_ffi; 

demodbpskstecjbpsk.'^bpsksig;  %inultiply  by  the  received  signal 
clear  bp^g; 

[deinodspec41z4emodfft]>q;)ectiaKdeino<B){MMelta_t);  %observe  spectrum 
clear  demodbpsk; 

%Plot20 

sabpl(M(211). 

pio((Hz(l:2000),deinodspec(l:2000)} 

title(not  20  -  demodulated  BPSK  spectrum  prior  to  filtering') 

xlabelCFeequency  in  Hz') 

ylabelCAmplitude*) 

deardemod^iec; 


iecdefnodbf)sk;srecoverm(demodfft,'ideallow',Hz,bitrate);  %lowpass  filter 
clear  demod£Et;clear  Hz; 

noiinbpslcsiecdemodbpdtAnax(recdemodbpsk):  %normali2e  the  signal 
dear  iecdemodb|sk; 

axis(big_axis); 

%Plot  21 

subpk>t(212),  %plot  the  recovered  signal 
plot(t,[normlqpskuuzlsig]) 

title^ot  21  •  normalized  recovned  BPSK  signal  with  message  signal') 

xlabdCTlme') 

ylabelCAmplitude') 

axis; 


%%%%%%%%%%%%%%%%%%% 
%PARr  4~Qi>adriphase  Shift  Keying 
%  A.  Generating  the  distal  message  signal 

clear 

clg 

delUL.e».0001; 
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fo400; 

bitralBBlOO; 

big_axiss[0  2  -2  2];  %set  axes 
inedjnisaB[0 .1  -2  2]; 
sinaU_axis«[0  .OS  *2  2]; 

bilstreain*nMBid(raixi(l :  100));  %generaie  the  bitstream 

l»tstream(l:9)n[0  00110110);  %set  values  to  demonstrate  phase  shifts 

qp8k_bits^itstream(l:10) 

pause 

[nrz]sig,t]snrzlbi(bitstieam,delia_t,bitiate);  %generate  the  digital  signal 
clear  bitstream; 

axis(big_axis);  %set  manual  scaling 
%Plot22 

subplot(2 11),  %graph  the  digital  signal 
plo^tjtfzlsi^ 

title^lot  22  -  bipolar  digital  message  signal  for  QPSK*) 

xlabel(Time') 

ylabelCAmplitude') 

axis;  ^release  manual  scaling 

[nrzlspec,Hz]sspectral(nrzlsig,delta_t);  %geneiate  the  message  spectrum 

%Plot  23 

subplot(2l2), 

plot(Hz(l:2000),nrzIspec(l:2000)) 

title^ot  23  -  bipolar  digital  message  spectrum  for  QPSK’) 

xlabel(1^iiency  in  Hz') 

ylabelCAmplitude') 

clear  nrzlsp^; 

pause 

clg 

%B.  Generating  the  QPSK  signal 

[0rzk)ddjBzleven)sser_par(nrz]sig4dta_t,lHtiate);  %put  signal  through 

%serial-to-paraIlel 

^converter 

axis(lHg,_axis); 

%Plot24 
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sul^lot(21 1),  %graph  the  delayed  digital  signal-odd  bits 

plo^Muzlodd,  1)7 

tide^ot  24  •  flayed  odd  bits7 

xlabel(Tiine7 

ylabelCAmpUtudeO 

%Hot25 

sul^lot(2l2),  %graph  the  delayed  digital  signal-even  bits 

plot(Miizleven,  'g7 

title(Plot  25  •  delayed  even  bits7 

xlabel(Tune7 

yiabelCAmplitudeO 

axis; 

pause 

clg 

cos_inodsnrzIodd.*cos(2*pi*fc.*t);  %tnodulate  each  signal 
sin_mod=nr2leven.*(-sin(2*'pi*fc*t)); 

axis(sinalLaxis); 

%Plot26 

subplot(211), 

pk>t((,cas_niod) 

titleCPIot  26  •  modulated  odd  signal  and  delayed  odd  bits7 

x]abeI(Tiine7 

ylabelCAinpIitude7 

hold  on 

pause 

plotCMuzlodd,  1)7 
hold  off 

axis(small_axis); 

%Hot  27 

subplot(212), 

pk)t(t^jnod) 

dtleOPIot  27  •  modulated  even  signal  and  delayed  even  bits7 

xIabdCT1ine7 

yIabelCAmplitude7 

hold  on 

pause 
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pause 

dg 

qp8kjsigBOosLj&od+aQ_mod;  %sum  the  sigiuds  in  the  time  domain 
dear  oos_;nod;dear  sinjnod; 

%Pk)t28 

axis(med_axis); 

subpk)t(211}. 
plot(t,qpskjsi£,  V) 

titleCPiot  28  •  phase  shifts  in  QPSK  signal') 

xldtelCTune*) 

ylabelCAiiq)litude') 

axis: 

[qpskspec,Hz>sq)ectraI(qpsk_si£,delta_t);  ^generate  the  QPSK  q)ecinim 

%Pk)t29 

8abplot(212), 

plot(Hz(l*.2000),qpskspec(l:2000)) 
tideCnot  29  -  QPSK  spectrum') 
xUbdCFirequency  in  Hz') 
yIabelCAjiq>litiide') 

dearqpstEspec; 


pause 

dg 

%C.  Coherent  detection  of  the  ^*SK  signal 

uppetdemodsqpsliL.sig.*oos(2*id'*fc.'*t);  %demodulate  each  signal 
k>uodeaK)dsiqp6i^sig.*(-sin(2'*pi*fc.*0):  %osiiig  its  carrier  fieqoency 

dearqpdiL.sig; 

axis(smdLaxis); 

%Pk>t30 

8abiriot(211),  %plot  tqjpn  and  lower  signals 
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plot(t,uppenleinod) 

tiileCPlot  30  •  odd,  then  even  demodulated  signals') 

xlabdCTime*) 

ylabeIC  Amplitude') 

hold  on 

pause 

plot(tJowerdemod,  'g') 
holddf 

[upperspec,Hz,upperfrt]sspectral(upperdemod.delta_t);  %generate  spectium  for 
cto  uppodemo^ 

[Iower^)ec JIzJowerfrt]=spectral(loweidemod,delta_t);  %each  signal 
clear  loweidetnod; 

%not  31 

subpIot(212), 

ldoU[Hz(l  ;2000).iqq)erspec(  1  ;2000)) 

titleCPlot  31  •  odd.  then  even  demodulated  spectra  prior  to  filtering') 

xlabelCFrequency  in  Hz') 

ylabelC  Amplitude') 

hold  on 

pause 

plot(HzJowerspec,  ’g") 
hold  off 

clear  upper^)ec;clear  lowerspec; 

pause 

clg 

iec_upperaiecoveim(iq)petfft,'ideallow'Jlz.bitrate);  %recover  each  signal 
clear  upperfft;  %via  a  lowpass  filter 

iec_]ower=recoverm(lowerfft,'ideallow'4iz,bitrate); 
clear  loweifft; 

axisQ>ig_a»s); 

%Piot32 

subplot^l  1),  %piot  recovered  signals  against  the  input  odd  and  even  signals 
plot(Urec_iQiper4uzk)dd]) 

ddeCPlot  32  •  recovered  and  (»iginal  odd  bit  signals') 

xlabel(Time') 

ylabelCAmplitude*) 

%Plot  33 
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subplot(212), 

plot(t,[recJower;nraleven]) 

title^ot  33  •  recovered  and  original  even  bit  signals') 

xlabeKTune*) 

ylabelCAiiq>litude') 


pause 

clg 

comb_sig=par_ser(rec_upper^_lower,delta^t,bitrate);  %put  signal  tbrougb 
clear  rec.uppenclear  rec_lower,  %parallel-lo-serial 


%Plot  34 


^converter 


subplot(211), 

plot(t,[c(Hnb_sig;nrzlsig]) 

titleCPlot  34  -  combined  odd  and  even  recovered  signals') 

xlabeKTtme') 

ylabelC  Amplitude') 


axis; 


sobplot(212), 
titleCNO  PLOT  HERE*) 
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APPENDIX  C— PROGRAMMING  LABORATORIES 


Name: 

Sectioa: 


EO  3513  Programming  Laboratory  1 
Signal  and  Spectrum  Generation 


This  laboratory  introduces  the  Communications  Toolbox  for  use  with  MATLAB.  The 
toolbox  functions  are  available  on  disk  for  use  on  both  PC  and  Macintosh  platforms.  Users 
should  employ  the  *1ie]^’*  feature  in  MATLAB  for  information  about  the  functions,  or 
consult  the  users*  guide. 

M-flle  and  plot  instructions  refer  to  building  MATLAB  script  files;  questions 
be  answered  separately.  Develop  script  files,  produce  and  label  plots,  and  answer  qr^stions 
as  directed  by  your  instructor.  All  plots  shotdd  be  numbered  and  titled,  widi  x-  and  y-axes 
labeled. 


Part  1 — Produce  and  plot  signals 


A.  Establish  a  time  vector 

Since  your  signals  will  be  functions  of  time,  a  time  vector  must  be  established  prior  to 
generating  a  signal.  Below  is  a  sample  time  vector  that  is  one  second  in  duration  and  has 
a  “step  size”  of  otc  ten-diousandtfa  of  a  second.  The  variable  name  “delta_f  ’  (AO  is  usually 
assigned  to  the  step  size .  The  time  vector  consists  of  10,(X)1  values,  or  points,  starting  at  0 
and  ending  at  1. 

tp0:0.0001 : 1 ;  %timc  vector 

M-file:  Clear  variables  and  graphs  with  **clear**  and  **dg.’* 

Generate  two  time  vectors,  tl  and  t2: 

tl  with  a  duration  of  1  second  and  step  size  of  .001 

t2  with  a  duration  of  1  second  and  step  size  of  .0001 

B.  Generate  a  signal 

A  single-tone  periodic  agnal  can  be  generated  using  the  following  formula,  in  which 
“f  ’  represents  frequency  in  Hz  and  **1”  represents  a  time  vector: 

8scos(2*pi*f*t);  %single-tone  signal 
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A  multi-tODe  agnal  can  be  generated  by  adding  sinusoids  together.  The  following 
signal  contains  frequencies  of  200,  SOO,  and  800  Hz: 

s3=:10*cos(2*pi*200*t>+4*cos(2*pi*500*t)+6*cos(2*pi*800*t);  %multi-tone  signal 

In  future  laboratories  you  will  determine  the  maximum  amplitude  of  a  signal  in  order 
to  calculate  its  power  in  the  time  domain.  The  d^ial  “s3”  has  a  maximum  amplitude  of  20 
(in  diis  case,  conveniently  found  by  adding  the  maximum  amplitudes  of  its  three  cosines). 
If  it  is  not  earily  determined  from  ^  formula  or  die  signal  plot,  use  the  ‘‘max”  command  in 
MAILAB  to  find  the  i^proximate  maximum  rignal  amplitude: 

max_of_s=max(s);  %maximum  amplitude  in  the  signal  s 

Since  die  signal  is  a  function  of  die  time  vector  ‘Y’,  it  will  be  the  same  length  as 
‘Y’ — 10,001  points. 

M-file:  Generate  three  signals,  si,  s2,  and  s3,  using  your  two  time 

vectors: 

si,  function  of  tl,  single-tone  with  frequency  of  less  than  50 
s2,  function  of  t2,  single-tone  with  frequency  of  less  Uian  500 
s3,  function  of  t2,  multi-tone  with  frequencies  of  less  than  500 

C .  Controlling  signal  plots 

The  “plot”,  "title”,  “xlabel”,  and  “ylabel”  commands  will  produce  clearly  labeled 
graphs  of  your  signals: 

plot(tl,sl) 

titIe(‘Signal’) 

xlabeKTime’) 

yIabel(‘Amplitude’) 

Other  useful  commands: 

“Subplot”  permits  up  to  four  plots  per  gnq>hics  window.  The  first  digit  of  the 
argument  represents  the  number  of  rows  (up  to  two),  the  second  digit  tte  number  of 
columns  (up  to  two),  and  the  third  digit  die  placement  of  the  gnqih  (up  to  four).  In  die 
example  below,  a  graph  is  placed  in  ^  lower  right  comer  of  the  grqihics  window: 

subplot(224),  %foimatted  for  2  rows  and  2  columns,  in  position  4 
plot(t,s) 

If  you  use  the  subplot  command  to  posititm  the  first  graph  in  the  window,  MATLAB  vrill 
continue  to  follow  diat  format  until  the  graph  window  is  filled. 

‘Tause”  with  no  aigument  delays  program  execution  until  die  user  presses  return 
(^venting  graphs  &om  whizzing  by  unobrerved). 
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Xlg”  between  sets  of  plots  prevents  plots  from  being  superimposed 

Plot  1:  Plot  si. 

Signal  characteristics  may  be  hard  to  distinguish  when  the  entire  sigi^  vector  is 
plotted  Described  Mow  are  two  methods  of  limiting  plot  size  to  1000  points. 

The  first  method  involves  restricting  die  number  of  points  plotted.  This  method  has 
an  advantage  in  that  the  two  vectors  need  not  be  the  same  length. 

plot(t2(l  :1000).s2(l : 1000)) 
title(‘Signal’) 
xlabel(Time’) 
ylabelCAmplitutte’) 

A  second  method  is  more  tricky.  Establish  die  axis  parameters  in  vector  format,  dien 
use  the  “axis”  command  to  freeze  the  axes.  Following  use  of  the  axis  freeze,  release  the 
axis  by  typing  the  command  “axis”.  (Note;  Using  the  “hold  ofi”  command  also  unfreezes 
the  axis.) 

small_axis=[0  0.1  -20  20];  %min  x,  max  x,  min  y,  max  y  for  axis  freeze 

axis(small_axis); 

plot(t2,s2) 

titie(‘Signal’) 

xlabeKTune’) 

ylabel(*Amplitude*) 

%continue  to  plot  signals  of  similar  scale,  then  release  axis 
axis;  %don*t  forget  to  release  axis! 

Plot  2:  Plot  the  first  1000  points  of  s2,  using  one  of  the  methods 

described  above. 

You  will  often  be  asked  to  plot  one  signal  over  another  in  order  to  compare  signals  (a 
recovered  signal  and  its  message  signal,  for  example).  Three  methods  are  dewribed  below. 

The  easiest  method  involves  listing  pairs  of  x  and  y  arguments  for  the  “plof  ’ 
command: 

plot(t2(l:500),s2(l:500),t2(l:500),s3(l:500))  %plot  s3  over  s2 

titleC'Signal’) 

xlabeKTime’) 

ylabel(*Amplitude’) 

A  second  method  uses  the  *1iold  on”  and  “hold  off”  commands.  “Hold  on”  freezes 
the  current  gn^h  white  plot  commands  are  repeated.  The  example  below  also  shows  the 
use  of  the  “pause”  command,  with  the  second  signal  drawn  after  a  3-second  delay.  When 
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using  ‘*pause”  in  conjunction  with  *1iold,”  deagnate  a  color  other  than  ted  in  order  to  see 
both  signals  easily. 


plot(t2(3501:4500),s3(3501:4500)) 

tit]e(*Signal’) 

xlabelCTime’) 


ylabelC*  Amplitude’) 
hold  on 


%plot  signal  with  larger  amplitude  first 


pause(3) 

plot(t2(3501:4500),s2(3501:4500),’g’) 
hold  ofif 


In  die  third  mediod,  a  signal  matrix  is  created  and  plotted  against  a  single  time  vector. 

plot(t2(l:1000),[s2(l:1000);s3(l:1000)]) 

title(‘Signal’) 

xlabdCTime’) 

ylabelCAmplitude’) 

Plot  3:  Plot  s2  and  s3  against  t2,  using  one  of  the  methods  described 

above. 


D.  Printing  plots 

On  PC  platforms,  the  c(»nmand  ’‘meta”  creates  a  graphics  file.  *‘Prtsc”  dumps  the 
cunent  gnqih  window  to  a  printer  ’’Print”  sends  a  high-resolution  copy  to  the  printer  CThe 
capability  to  use  these  commands  may  vary  accmding  to  machine  and  software 
configuration.) 

On  Macintosh  platforms,  choose  “prinf  ’  firom  die  ”file”  menu  to  print  die  active  gr^h 
window,  or  use  the  ’’save  as”  command  in  d^  ”£110”  menu  to  create  a  (^ck-Draw  graphics 
file. 


Part  2— Produce  and  plot  spectra 

A.  Calling  a  function 


Ihe  Communications  Toolbox  contains  the  function  ’’spectral,”  which  has  the 
following  fbnctirm  call: 

[^iecsigJIz,fEtsig]=spectral(s,deltaj:); 

’’Spectral”  {noduces  a  one-sided  spect^.  To  create  a  two-sided  spectrum  with 
relatively-correct  amplitudes,  use  die  following  command: 

two_^idedjq)ec=abs(fitshift(ffisig));  %plot  die  vector  against  its  index 
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(Note:  the  two-sided  spectrum  above  can  be  plotted  against  the  Hz  vector  returned  from 

“spectral'’) 

The  step  size  and  number  of  points  in  the  time  vector  both  affect  die  vector  length, 
whmh  relates  direcdy  to  die  resolution  of  the  spectrum.  The  exact  relationship  can  be 
described  as 


where  Af  represent  the  frequency  resolution  in  Hz;  N  represents  die  number  of  points  in  the 
time  vector,  and  At  represents  the  difference  between  pomts  in  the  time  vector. 

Hie  step  size  alone  affects  the  number  of  fiequendes  shown  in  die  spectrum.  The 
above  vector  of  10,001  points  with  AtsO.OOOl  produces  a  one-sided  specWn  of  5000  Hz 
with  a  resolution  oH  Hz.  A  vector  with  a  step  size  of  0.001  will  produce  a  one-si^d 
spectrum  of  500  Hz,  regardless  of  its  duration  in  seconds. 

The  vector  length  and  step  size  above  are  iqipropriate  for  most  of  the  signals 
generated  in  this  laboratory  set  To  increase  processing  ^leed  udiile  drafting  a  script  reduce 
the  vector  length  by  reducing  the  duration  of  die  time  vector  (from  1  second  to  0.2  secmids, 
for  example). 

To  call  the  function  “qiectral*’  pass  in  die  input  parameters  “s"  and  “delta^f The 
function  ouputs  are  the  vector  “specsig”  representing  die  plectrum  of  “s,"  the  vector  'Tlz” 
for  use  as  ^  x-axis  when  plotting  the  spectrum,  and  the  vector  “fftsig"  for  use  in 
recovering  the  signal. 

You  will  not  always  need  to  furnish  all  of  the  inputs  to  a  functimi,  nor  require  all  of 
the  ouqiuts  generated  by  a  function.  For  eimmple,  you  will  not  be  recovering  agnals  in  this 
laborat^,  and  will  not  need  '‘frtsig.”  Your  frmction  call  to  “spectral"  mi^t  look  like  this: 

[spectrum_ljlz]=spectral(sl,0.001);  %function  call  to  spectral  for  si 

Vxtor  lengths  for  spectral  plots  are  usually  not  reduced  in  order  to  see  as  many  of  die 
spectral  components  as  possible.  A  spectral  plot  might  be  generated  as  follows: 

plot(Hz,spectrum_l) 
tide(‘Spectnim  of  si’) 
xlabel(Trequency  in  Hz’) 
yU^(’Amplitude’) 

M'file:  Using  spectral.ni,  generate  Uie  spectrum  for  si. 
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Plot  4: 

M-flle: 
Plot  5: 

M-f!le: 
Plot  6: 

Question 

Question 


Plot  tile  spectrum  for  si. 

tiie  Hz  value  and  the  amplitude  of  the  spectral 
component. 

Using  spectral.m,  generate  tiie  spectrum  for  s2. 

Plot  the  spectrum  for  s2. 

Label  tiie  Hz  vdne  and  tiie  amplitude  of  the  spectral 
component. 

Using  spectral.my  generate  tiie  spectrum  for  s3. 

Plot  the  spectrum  for  $3. 

Label  tiie  Hz  values  and  the  amplitudes  of  the  spectral 
components. 

:  Compare  Plots  4  and  5.  Why  does  Plot  5  display  more 
frequencies  than  Plot  4? 

>:  Given  the  spectral  plot  of  a  single-tone  signal,  how  could  you 
determine  tiie  maximum  amplitude  and  frequency  for  die 
signal? 
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Name: 

Section: 


EO  3513  Programming  Laboratory  2A 
Natural  Sampling  and  Recovery 


This  laboratory  requires  the  Communications  Toolbox  for  use  with  MATLAB.  The 
toolbox  functions  are  available  on  tfisk  fn*  use  on  both  PC  and  Macintosh  platforms.  Users 
should  en^loy  the  “hdp”  feature  in  MATLAB  for  information  about  the  functions,  or 
consult  the  users*  guide. 

M'file  and  plot  instructions  refer  to  building  MATLAB  script  files;  questions  can 
be  answe^  squuately.  Develop  script  files,  produce  and  label  plots,  and  answer  questions 
as  directed  by  your  instructs'.  All  plots  should  be  numbered  and  titled,  with  x-  and  y-axes 
labeled. 


Part  1 — Generate  a  naturally-sampled  signal  and  its  spectrum 


A.  Generate  a  agnal 

M-file:  Establish  a  time  vector  with  a  At  of  0.0001  and  a  duration  of  1 

second. 

Generate  a  multi-tone  message  signal  with  frequencies  less 
than  500.  (Tones  should  have  the  same  amplitude.) 

Question  1:  What  is  the  maximum  amplitude  of  the  signal? 

Question  2:  What  is  the  highest  frequency  in  the  signal?  What  is  the 
Nyquist  rate? 

B .  Naturally-sample  the  signal 

M-file:  Use  natsamp.m  to  sample  the  signal.  Use  a  sampling  rate 

above  the  Nyquist  rate  but  not  more  than  2000  Hz. 

Plot  1:  Plot  the  sampled  signal  over  the  message  signal. 
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Questioii  3:  Calculate  tiie  foUowing  values  for  the  sampled  signal: 

samplii^  period  T  (calculated  in  seconds) 
pulse  duration  t  (catenlated  in  seconds) 

Describe  the  pulse  shape  of  the  sampled  signal. 

C.  Generate  the  ^)ectium 

M'file:  Use  spectral.m  to  generate  Uie  spectrum. 

Plot  2:  Plot  the  spectrum  ot  die  sampled  signal. 

Label  die  Mlowing  groups  of  firequendes  in  die  spectrum: 

baseband  signal  frequendes 
spectral  components  assodated  with  the  sampling 
frequency  (fs)  and  each  of  its  multiples  (2fs,  36,  etc.) 

The  amplitude  spectrum  of  a  naturally-sampled  signal  can  be  determined  using  the 
formula 

x.(f)=  f;pi,x(f-N^) 

N»0 


where 

„  _dsin(Nicd) 

‘n  * — zrz — 


and  d  is  the  duty  cycle  and  N  indicates  the  number  of  the  harmonic. 

Question  4:  Calculate  P^  for  N  s  1,  N  s  2,  and  N  s  3. 

Compare  widi  the  values  shown  on  die  spectral  plot 

Question  5:  Describe  the  overall  shape  of  tiie  spectrum.  Does  tiie  spectrum 
conform  to  your  theoretical  expectations?  Note  any 
discrepancies. 
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Part  2— Recover  the  message  signal 

A.  Recover  die  message  signal 

The  fonctioa  ‘‘recovers"  calls  the  filtning  function  designated  in  die  input  parameter. 

The  Communications  Toolbox  contains  two  lowpass  filters,  "ideallow”  and  "lowpass." 

Select  a  cutoff  firequency  diat  captures  poly  the  l^band  signal  frequencies. 

M*file:  Use  recovers.iii  to  recover  the  message  signal. 

Plot  3:  Plot  the  recovered  signal  over  the  message  signal. 

M-file:  lb  free  memory,  clear  all  variables  other  than  the  time  vector 

and  message  signal. 

Part  3— Observe  the  effects  of  aliasing 

A.  Produce  an  undersampled  signal 

M-file:  Use  nat8amp.m  to  sample  die  message  signal  at  less  than  the 

Nyquist  rate  (twice  the  highest  firequency  in  the  signal). 

Plot  4:  Plot  the  undersampled  signal  over  the  message  signal. 

M-file:  Use  spectral.m  to  generate  die  spectrum  of  the  undersampled 

signal. 

not  5:  Plot  the  spectrum  of  die  undersampled  signal. 

Question  6:  Compare  Hot  5  with  Plot  2.  What  is  die  effect  of 
ondersampUng  <m  the  spectrum? 

M-file:  Use  recoyers.m  to  recover  the  undersampled  signal.  Use  the 

same  cutoff  frequency  for  the  lowpass  filter  that  you  used  in 
Part 

not  6:  Plot  the  recovered  undersampled  signal  over  die  message 

signal. 

Label  the  recovered  signal. 

Question  7:  What  is  the  effect  of  undersampling  on  signal  recovery? 
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M-file:  Tb  free  memory,  clear  all  variables  other  than  the  time  vector 

and  message  dgnal. 

Part  4 — Observe  the  effect  on  the  spectrum  of  varying  the  duty  cycle 

A.  Generate  the  sampled  signal 

M-file:  Use  natsamp.m  to  sample  die  message  signal  at  the  same  rate 

used  in  Part  lb,  varying  die  duty  cycle. 

Plot  7:  Plot  the  sampled  signal. 

B.  Generate  the  spectrum 

M’file:  Use  spectral.m  to  generate  the  spectrum. 

Plot  8:  Plot  the  spectrum  of  die  sampled  signal. 

Label  die  Hz  value  at  die  first  zero  cr<»sing  (1/t) . 

Question  8:  Compare  Plot  8  with  Plot  2.  What  is  the  effect  of  changing  the 
duty  cyde  on  the  sampled  signal  baseband  bandwidth? 
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EO  3513  Programming  Laboratory  2B 
Flattop  Sampling  and  Recovery 

This  lalxvatOTy  requires  the  Communications  Toolbox  for  use  with  MATLAB.  The 
toolbox  functions  are  available  on  disk  for  use  on  both  PC  and  Macintosh  platforms.  Users 
should  employ  the  “hdp"  feature  in  MATLAB  for  information  about  the  functions,  or 
consult  the  users’  guide. 

M'file  and  plot  instructions  refer  to  building  MATLAB  script  files;  questions  can 
be  answered  separately.  Develop  script  files,  produce  and  label  plots,  and  answer  questions 
as  directed  by  your  instructor.  All  plots  should  be  numbered  and  titled  with  x-  and  y-axes 
labeled. 


Part  1 — Generate  a  flattop-sampled  signal  and  its  spectrum 


A.  Generate  a  signal 

M'ftie:  Establish  a  time  vector  with  a  At  of  0.0001  and  a  duration  of  1 

second. 

Generate  a  multi«tone  message  signal  with  frequencies  less 
than  500.  (Tones  should  have  the  same  amplitude.) 

Question  1:  What  is  the  maximum  amplitude  of  the  signal? 

Question  2:  What  is  the  highest  frequency  in  the  signal?  What  is  the 
Nyquist  rate? 

B .  Flattop-sample  the  signal 

M-file:  Use  flattop.m  to  sample  the  signal.  Use  a  sampling  rate  above 

the  Nyquist  rate  but  not  more  2000  Hz. 

Plot  1:  Plot  the  sampled  signal  over  the  message  signal. 
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Qacstton  3:  Calculate  the  following  values  for  the  sampled  signal: 


samplii^  period  T  (calculated  in  seconds) 
pulse  duration  t  (calculated  in  seconds) 

Describe  the  pulse  shape  of  the  sampled  dgnal. 

C.  Generate  the  spectrum 

M’file:  Use  spectral.m  to  generate  the  spectrum. 

Plot  2:  Plot  the  spectrum  of  die  sampled  signal. 

Label  the  following  groups  of  frequencies  in  the  spectrum: 

baseband  signal  frequencies 
spectral  components  associated  with  the  sampling 
frequency  (fs)  and  each  of  its  multiples  (2fs,  Sfr,  etc.) 

The  amplitude  spectrum  of  a  flattop-sampled  signal  can  be  determined  using  the 
formula 

x.(f)=  X(V,X(f-NO 


„  _  dsin(Ntf) 
- 


and  d  is  the  duty  cycle,  x  is  the  pulse  duration  in  seconds,  and  f  indicates  the  frequency  in 
Hz. 

Question  4:  Calculate  P^  for  f  s  550,  f  s  700,  and  f  =  880. 

Compare  with  the  values  shown  on  the  spectral  plot 

Question  5:  Describe  die  overall  shape  of  the  spectrum.  Does  the  spectrum 
conform  to  your  theoretical  expectations?  Note  any 
discrepancies. 
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Part  2 — Recover  the  message  signal 


A.  Recover  die  message  signal 

The  function  “recovers”  calls  the  filtering  function  desisted  in  the  input  parameter. 
The  Communications  Toolbox  contains  two  lowpass  filters,  “ideallow”  and  “lowpass.” 
Select  a  cutofi*  frequency  that  captures  only  the  baseband  signal  fiequencies. 

M-flle:  Use  recovers.in  to  reoiver  the  message  signal. 

Plot  3:  Plot  the  recovered  signal  over  the  message  signal. 

M'flle:  lb  free  memory,  clear  all  variables  other  than  the  time  vector 

and  message  signal. 


Part  3 — Observe  the  effects  of  aliasing 


A.  Produce  an  undersampled  signal 

M'file:  Use  flattop.m  to  sample  the  message  signal  at  less  than  the 

Nyquist  rate  (twice  die  hipest  frequency  In  the  signal). 

Plot  4:  Plot  the  undersampled  signal  over  the  message  signal. 

M-file:  Use  spectral.m  to  generate  die  spectrum  of  the  undersampled 

signal. 

Plot  5:  Plot  the  spectrum  of  the  undersampled  signal. 

Question  6:  Compare  Plot  5  with  Plot  2.  What  is  die  effect  of 
undersampilng  on  the  sp^trum? 

M-ffie:  Use  recovers.m  to  recover  the  undersampled  signal.  Use  the 

same  cutoff  frequency  for  the  lowpass  filter  that  you  used  in 
Part  2. 

Plot  6:  Plot  die  recovered  undersampled  signal  over  the  message 

signal. 

Label  the  recovered  signal. 

Question  7:  What  is  the  effect  of  undersampilng  on  signal  recovery? 
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M-file:  lb  free  memory,  clear  ail  variables  otiier  than  the  time  vector 

and  message  signal. 

Part  4 — Observe  the  effect  on  the  spectrum  of  varying  the  duty  cycle 

A.  Generate  a  sampled  signal 

M-file:  Use  flattop.m  to  sample  tiie  message  signal  at  the  same 

used  in  Part  lb,  varying  die  duty  cycle. 

Plot  7:  Plot  the  sampled  signal. 

B.  Gei^iate  the  spectrum 

M-flle:  Use  spectral.m  to  generate  the  spectrum. 

Plot  8:  Plot  the  spectrum  of  the  sampled  signal. 

Labe!  the  Hz  value  at  the  first  zero  crossing  (1/t)  . 

Question  8:  Compare  Plot  8  with  Plot  2.  What  is  the  effect  of  changing  die 
duty  cycle  on  the  sampled  signal  baseband  bandwidth? 
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EO  3513  Programming  Laboratory  2C 
Impulse  Sampling  and  Recovery 


This  laboratory  requires  the  Communications  Toolbox  for  use  with  MATLAB.  The 
toolbox  functions  are  available  on  disk  for  use  on  both  PC  and  Macintosh  platforms.  Users 
should  employ  the  “help”  feature  in  MATLAB  for  information  about  the  functions,  or 
consult  the  users’  guide. 

M-file  and  plot  instructions  refer  to  building  MATLAB  script  files;  questions  can 
be  answered  separately.  Develop  script  Hies,  produce  and  label  plots,  and  answer  questions 
as  directed  by  ]^ur  instructor.  All  plots  should  be  numbered  and  dtl^,  with  x-  and  y-axes 
labeled. 


Part  1 — Generate  a  impulse-sampled  signal  and  its  spectrum 

A.  Generate  a  signal 

M'file:  Establish  a  time  vector  with  a  At  of  0.0001  and  a  duration  of  1 

second. 

Generate  a  multi-tone  message  signal  with  frequencies  less 
than  500.  (Tones  should  have  the  same  amplitude.) 

Question  1:  What  is  the  maximum  amplitude  of  the  signal? 

Question  2:  What  is  the  highest  frequency  in  the  signal?  What  is  the 
Nyquist  rate? 

B .  hnpulse-sample  the  signal 

M-file:  Use  imsamp.m  to  sample  the  signal.  Use  a  sampling  rate  above 

the  Nyquist  rate  but  not  more  than  2000  Hz. 

Plot  1:  Plot  the  sampled  signal  over  the  message  signal. 

Question  3:  Calculate  the  duration  of  the  sampling  period  T  (in  seconds). 
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C.  Generate  the  spectrum 


M-file:  Use  spectral.ni  to  generate  the  spectrum. 

Plot  2:  Plot  the  spectrum  of  the  sampled  signal. 

Label  the  following  groups  of  frequencies  in  the  spectrum: 

baseband  signal  frequencies 

spectral  components  associated  with  the  sampling 

frequency  (fs)  and  each  of  its  multiples  (2fs,  3fSy  etc.) 

Question  4:  Describe  die  overall  shape  of  the  spectrum.  Does  the  spectrum 
conform  to  your  theoretical  expectations?  Note  any 
discrepancies. 


Part  2 — Recover  the  message  signal 
A.  Recover  the  message  signal 

The  function  “recovers’’  calls  die  filtering  function  designated  in  d»  input  parameter. 
The  Communicadons  Toolbox  contains  two  lowpass  filters,  “ideallow”  and  “lowpass.’’ 
Select  a  cutoff  ficquency  that  captures  only  the  baseband  signal  frequencies. 

M'file:  Use  recovers.m  to  recover  the  impulse-sampled  rignal. 

Plot  3:  Plot  die  recovered  signal  over  the  message  signal. 

M-file:  To  free  memory,  clear  idl  variables  other  than  the  time  vector 

and  message  signal. 


Part  3 — Observe  the  effects  of  aliasing 
A.  Produce  an  undersampled  signal 

M-file:  Use  impsamp.m  to  sample  die  message  signal  at  less  dian  the 

Nyquist  rate  (twice  the  highest  frequency  in  the  signal). 

Plot  4:  Plot  the  undersampled  signal  over  the  message  signal. 

M-file:  Use  spectral.m  to  generate  die  spectrum  of  the  undersampled 

signal. 
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Plot  5: 
Question 

M-nie: 

Plot  6: 

Question 


Plot  the  spectrum  of  the  undersampled  signal. 

Compare  Plot  5  with  Plot  2.  What  is  die  effect  of 
undersampling  on  die  spectrum? 

Use  recovers.m  to  recover  the  undersampled  signal.  Use  the 
same  cutoff  frequency  for  the  lowpass  filter  that  you  used  in 
Part  2. 

Plot  die  recovered  undersampled  signal  over  die  message 
signal. 

Label  the  recovered  signal. 

>:  What  is  the  effect  of  undersampling  on  signal  recovery? 
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EO  3513  Programming  Laboratory  3 A 
Pulse  Modulation  (PAM  and  PWM) 


This  laboratory  requires  Ae  Communications  Toolbox  for  use  with  MATLAB.  The 
toolbox  functions  are  available  on  disk  for  use  on  both  PC  and  Macintosh  platforms.  Users 
should  employ  the  'Tielp”  feature  in  MATLAB  for  information  about  functions,  or 

consult  the  users’  guide. 

M-file  and  plot  instructions  refer  to  building  MATLAB  script  files;  questions  can 
be  answered  separately.  Develop  script  files,  produce  and  label  plots,  and  answer  questions 
as  directed  by  your  instructor.  M  plots  shotdd  be  numbered  and  titled,  wiA  x-  and  y-axes 
labeled. 


Part  1 — Observe  the  differences  in  the  time  domain  for  two  types  of 
pulse-modulated  signals  (PAM  and  PWM) 

A.  Generate  a  signal 

M>file:  Establish  a  time  vector  with  a  At  of  0.0001  and  a  duration  of  1 

second. 

Generate  a  multi-tone  message  signal  with  frequencies  less 
than  200. 

Question  1:  What  is  the  maximum  amplitude  of  the  message  signal? 

B.  Modulating  the  signal 

You  studied  the  flattop-sampled  signal  in  Laboratory  2,  and  saw  diat  while  its  pulses 
varied  in  amplitude,  they  always  appeared  at  the  start  of  tte  sampling  period  T,  and  had  a 
constant  duration  x.  Ha^p  sampling  is  one  implementadon  of  pulse-amplitude  modulation 
(natural  sampling  is  the  odier).  hi  tl^  lalxHatory,  die  fEuniliar  characteristics  of  the  pulse- 
amplitude  modu^ted  (PAM)  signal  will  be  compared  to  charactaristics  of  the  pulse-widdi 
modulated  signal. 

M-flle:  Use  flattop.m  to  pulse-amplitude-modulate  the  signal.  Use  a 

sampling  rate  of  SOO  Hz. 
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Plot  1: 


Plot  die  PAM  signal  over  the  message  signal.  Show  a  portion 
of  the  signal  that  contains  the  maximum  signal  amplitiide. 

Question  2:  Calculate  the  following  values,  in  seconds,  for  the  PAM 
signal: 

sampling  period  T 
pulse  duration  t 

like  PAM  signals,  pulse-width  modulated  (PW^  si^ial  pulses  begin  wiA  the 
samp^g  poiod  T.  Pulse  amplitudes  are  constant,  while  their  widths  vary,  based  on  the 
amplitude  of  the  message  si^ial  at  each  pulse  beginning.  To  facilitate  diis  vaiiadtxi  in  pulse 
width,  the  maximum  pulse  duratitm  is  ejqtiessed  as  a  firacdon  of  the  sampling  period  T.  The 
widest  pulse  that  could  occur  would  be  t^  fraction  of  the  sampling  period  T,  located 
where  die  maximum  signal  amplitude  fell  at  the  beginning  of  a  puli;.  The  most  narrow 
pulse  would  occur  where  the  minimum  signal  ampntude  fell  at  die  beginning  of  a  pidse. 

M>file:  Use  pulsewid.m  to  pulse*widtii>modulate  the  signal.  Use  a 

sampling  rate  of  500  Hz  and  a  maximum  pulse  duration  of 
greater  than  0.5. 

Plot  2:  Plot  the  PWM  signal  over  tiie  message  signal.  Show  the  same 

portion  of  the  d^ial  (containing  the  maximum  dgnal 
amplitude)  as  display^  in  Mot  1. 

Question  3:  What  is  tiie  maximum  pulse  duration  tiiat  could  occur  in  your 
PWM  signal? 


Part  2 — Observe  the  differences  in  the  frequency  domain  for  the  two 
types  of  modulation 

A.  Generate  die  plectra 

M-file:  Use  spectral.m  to  generate  the  spectrum  of  the  PAM  signal. 

Plot  3:  Plot  tiie  spectrum  of  the  PAM  signal. 

Label  the  following  values: 

Hz  values  of  the  baseband  signal  frequencies 
sampling  frequency  (fs) 

M-file:  Use  spectral.m  to  generate  tiie  spectrum  of  the  PWM  signal. 
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Plot  4: 


Plot  the  spectrum  of  die  PWM  signal. 

Label  the  Hz  value  of  the  sampling  ftrequency  (fs). 

B.  Calculating  baseband  bandwidth 

Recall  ttiat  udiile  PAM  signals  have  a  baseband  bandwidth  of  t^roximately  O.S/t, 
PWM  signals  have  la^er  baseband  bandwidths,  t^proximaiely  O.S/^time.  Consider  die 
risetime  of  the  pulses  in  your  modulated  signals  to  be  equal  to  die  step  size  in  the  dme 
vect(»: 

Question  4:  Using  the  above  approzinuitions,  calculate  the  baseband 

bandwidths  for  the  PAM  and  PPM  signals.  Do  these  values 
reflect  what  you  observe  in  die  spectnd  plots?  Note  any 
discrepancies. 
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EO  3513  Programming  Laboratory  3B 
Pulse  Modulation  (PAM  and  PPM) 


This  laboratory  requires  ^  Communications  Toolbox  fw  use  with  MATLAB.  The 
toolbox  ftinctions  are  available  on  disk  for  use  on  both  PC  and  Macintosh  platforms.  Users 
should  employ  the  ‘%elp”  feature  in  MATLAB  fcxr  information  about  die  functicms,  or 
consult  the  users’  guide. 

M-flle  and  plot  instructions  refer  to  building  MATLAB  script  files;questions  can 
be  answered  separately.  Develop  script  files,  produce  and  label  plots,  and  answer  que^ons 
as  directed  by  your  instructor.  M  plots  should  be  numbered  and  titled,  widi  x-  and  y-axes 
labeled. 


Part  1 — Observe  the  differences  in  the  time  domain  for  two  types  of 
pulse-modulated  signals  (PAM  and  PPM) 


A.  Generate  a  signal 

M'file:  Establish  a  time  vector  with  a  At  of  0.0001  and  a  duration  of  1 

second. 

Generate  a  multi-tone  message  tignal  with  frequencies  less 
than  200. 

Question  1:  What  is  the  maximum  amplitude  of  tiie  message  signal? 

B.  Modulating  the  signal 

Y ou  studied  the  flattop-sampled  signal  in  Laboratory  2,  and  saw  that  while  its  pulses 
varied  in  amplitude,  they  always  repeated  at  die  start  of  tii«  sampling  period  T,  and  had  a 
constant  duration  x.  Flattop  sampling  is  one  implementation  of  pulse-ami^de  modulation 
(natiBal  sampling  is  die  other).  In  tins  labraatory,  tire  fiuniliar  characteristics  of  die  pulse- 
amplitude  moduhded  (PAM)  rignal  will  be  compared  to  diatactetistics  of  dus  pulse-porition 
modulated  signal. 

M-flle:  Use  flattop.m  to  pulse-amplitnde-modulate  the  signal.  Use  a 

sampling  rate  of  500  Hz. 
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Plot  1: 


Plot  the  PAM  signal  over  the  message  signal.  Show  a  portion 
of  the  signal  diat  contains  tfie  maximum  signal  ampliti^e. 

Question  2:  Calculate  the  following  values^  in  seconds,  for  die  PAM 
signal: 

sampling  period  T 
pulse  duration  x 

A  pulse-position  modulated  (PPM)  signal,  like  a  pulse-amplitude  modulated  signal, 
has  a  constant  duration  x.  However,  the  pulse  beginnings  vary  in  location  within  tiie 
sampling  period  T.  Most  PPM  systems  vary  pulse  position  from  the  middle  of  the  sampling 
period  T.  Negative  signal  amplitudes  cause  tte  pulM  to  shift  left;  positive  si^ial  amplitudes 
cause  the  pul»  to  shm  right 

The  function  "^ulspos.m”  transmits  signal  information  via  the  amount  of  die  pulse 
ofifset  from  the  begitming  of  die  sampling  period.  To  allow  for  larger  variations  in  ^  pulse 
offset  the  pulse  duration  x  is  kept  small.  For  a  PPM  signal  with  a  duty  cycle  of  0.2,  the 
largest  pulse  offset  that  could  occur  would  be  0.8  of  the  sampling  period  T,  observed  at  the 
maximum  signal  amplitude.  No  pulse  offset  occurs  at  the  minimum  signal  amplitude. 


M-file:  Use  pttlsepos.m  to  pulse-posidon-modulate  the  signal.  Use  a 

sampling  rate  of  500  Hz  and  a  pulse  duration  of  less  tiian  0.5. 

Plot  2:  Plot  the  PPM  signal  over  die  message  signal.  Show  the  same 

portion  of  the  signal  (containing  the  maximum  signal 
amplitude)  as  display^  in  Plot  1.  (Note:  Using  the  ^grid** 
command  may  help  identify  the  boundaries  of  the  sampling 
periods.) 

Question  3:  What  is  the  largest  pulse  offset  that  could  occur  in  your  PPM 
signal? 


Part  2 — Observe  the  differences  in  the  frequency  domain  for  the  two 
types  of  modulation 

A.  Generate  the  qtectra 

M-flle:  Use  8pectral.m  to  generate  the  spectrum  of  the  PAM  signal. 
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Plot  3: 


Plot  the  spectrum  of  the  PAM  signal. 

Label  the  following  values: 

Hz  values  of  the  baseband  signal  frequencies 
sampling  frequency  (fs) 

M'file:  Use  spectral.m  to  generate  die  spectrum  of  die  PPM  signal. 

Plot  4:  Plot  the  spectrum  of  the  PPM  signal. 

Label  the  Hz  value  of  the  sampling  frequency  (fs). 

B .  emulating  baseband  bandwidth 

Recall  dial  while  PAM  signals  have  a  baseband  bandwidth  of  iq)proximately  0  J/x, 
PPM  signals  have  huger  baset^d  bandwidtfas,  approximately  0.5/risetime.  Consider  ^ 
risetime  of  the  pulses  in  your  modulated  rignals  to  be  equal  to  the  step  size  in  the  time 
vector. 

Question  4:  Using  the  above  approximations,  calculate  the  baseband 

bandwidths  for  the  PAM  and  PPM  signals.  Do  diese  values 
reflect  what  you  observe  in  die  spectral  plots?  Note  any 
discrepancies. 
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EO  3513  Programming  Laboratory  4 A 
Analog-to-Digital  Conversion  (Quantization) 


This  laboratory  requires  the  Communications  Toolbox  for  use  with  MATLAB.  The 
toolbox  functions  are  available  on  disk  for  use  on  both  PC  and  Macintosh  platforms.  Users 
should  employ  the  “help”  feature  in  MATLAB  for  information  about  the  functions,  or 
consult  the  users’  guide. 

M-file  and  plot  instructions  refer  to  building  MATLAB  script  files;  questions  can 
be  answered  separately.  Develop  script  files,  produce  and  label  plots,  and  answer  questions 
as  directed  by  your  instructor.  All  plots  should  be  numbered  and  titled,  with  x-  and  y-axes 
labeled. 


Part  1 — Evaluate  two  analog-to-digital  converters 


A .  Evaluate  a  bipolar  converter 

The  function”quanti2e.m”  is  used  to  set  the  quantization  characteristic  for  a  bipolar 
quantization  system.  “Quantize.m”  converts  signals  with  values  between  -10  and  +10 
volts. 

M-file:  Use  quantize.m  to  generate  the  characteristic  for  a  3-bit  bipolar 

analog-to-digital  converter. 

Plot  1:  Plot  the  quantization  characteristic,  using  the  output  vector 

quanch_x  to  represent  voltage  in,  and  quanch_y  to  represent 
voltage”out. 

Question  1:  Calculate  the  following  values  relating  to  the  quantization 
characteristic  for  the  3-bit  bipolar  converter: 

dynamic  ranpe 
actual  step  size 
actual  resolution 
percentage  resolution 
number  of  levels 
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B .  Evaluate  a  unipolar  converter 

‘X2uantuni.m”  is  a  unipolar  quantizing  function  that  converts  signals  between  values 

of  0  and  +10  volts. 

M-nie:  Use  quantuni.m  to  generate  die  characteristic  for  a  5-bit 

unipolar  analog-to-digital  converter. 

Plot  2:  Plot  the  quantization  characteristic,  using  the  output  vector 

quanch_x  to  represent  voltage  in,  and  quanch_y  to  represent 
voltage  out. 

Question  2:  Calculate  the  following  values  relating  to  the  quantization 
characteristic  for  the  5-bit  unipolar  converter: 

dynamic  range 
actual  step  size 
actual  resolution 
percentage  resolution 
number  of  levels 


Part  2 — Observe  the  quantization  process 


A.  Generate  and  sample  a  signal 

M-file:  Establish  a  time  vector  with  a  At  of  0.0001  and  a  duration  of 

0.1  seconds. 

Generate  a  multi-tone  message  signal  s  with  frequencies  less 
tiian  50.  (Maximum  signal  amplitude  should  not  exceed  10.) 

Signals  are  typically  sampled  prior  to  quantizing. 

M-nie:  Use  flattop.m  to  sample  tiie  signal,  using  a  sampling  rate  of 

500  Hz  or  greater. 

B .  Quantize  the  signal  using  a  3-bit  bipolar  converter 

M-file:  Use  quantize.m  to  quantize  the  sampled  signal  as  if  using  a  3- 

bit  bipolar  converter.  Use  the  same  sampling  rate  for  sampling 
and  quantizing.  (The  characteristic  of  this  converter  is 
displayed  in  Plot  1.) 

Plot  3:  Plot  the  3-bit  bipolar  quantized  signal  over  the  sampled  signal. 
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C.  Quantize  the  signal  using  a  5*bit  unipolar  convener 

M'file:  Use  quantize.m  to  quantize  the  sampled  signal  as  if  using  a  5- 

bit  bipolar  converter. 

Plot  4:  Plot  the  5-bit  bipolar  quantized  signal  over  the  sampled  signal. 

A  bin  number  representing  voltage  level  is  assigned  to  each  sample  in  the  quantized 

signal.  Bin  numbers  begin  with  0. 

D.  Relate  bin  numbers  to  voltage  levels 

M-file:  Print  the  values  of  quanch_y  for  die  3-bit  bipolar  converter 

(the  highest  Voltage**  level  appears  twice,  for  plotting 
purposes  only.).  Then  print  tte  first  5  values  of  bin.nums. 

Question  3:  List  the  amplitude  (Voltage**)  of  the  3-bit  bipolar  quantized 
signal  in  each  of  the  first  5  sampling  periods. 

M-file:  Print  the  values  of  quanch_y  for  the  5-bit  bipolar  converter; 

then  print  the  first  5  values  of  in  bin.nums. 

Question  4:  List  the  amplitude  (^(dtage**)  of  the  5-bit  bipolar  quantized 
signal  in  each  of  the  first  5  sampling  periods. 


Part  3— Measure  the  quantization  noise 


Hie  difference  between  the  message  signal  and  the  quantized  signal  is  referred  to  as 
“quantization  noise”-noise  introduced  by  the  quantization  process.  The  function  “snnm” 
returns  the  signal  to  noise  ratio,  measured  in  dB. 

A.  Find  the  signal  to  noise  ratios 

Plot  5:  Plot  the  3-bit  bipolar  quantized  signal  over  tiie  message  signal. 

M-file:  Use  snr.m  to  find  the  signal  to  noise  ratio  for  the  message 

signal  and  the  3-bit  bipolar  quantized  signal. 

Plot  6:  Plot  the  5-bit  bipolar  quantized  signal  over  die  message  signal. 

M-file:  Use  snr.m  to  find  the  signal  to  noise  ratio  for  the  message 

signal  and  the  5-bit  bip^ar  quantized  signal. 
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B .  Compare  quantization  noise  for  tiie  two  systems 

Question  5:  List  the  values  of  the  signal  to  noise  ratios  for  die  3-bit  bipolar 
and  5-bit  bipolar  quantized  signals.  Which  converter  produced 
less  quantization  noise? 
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EO  3513  Programming  Laboratory  4B 
Pulse  Code  Modulation  (PCM) 

This  laboratory  requiics  ihe  Communications  Toolbox  for  use  with  MATLAB.  The 
toolbox  functions  are  available  on  disk  for  use  on  both  PC  and  Macintosh  platforms.  Users 
should  employ  the  “help”  feature  in  MATLAB  for  information  about  the  functions,  or 
consult  the  users’  guide. 

M-file  and  plot  instructions  refer  to  building  MATLAB  script  files;questions  can 
be  answered  separately.  Develop  script  files,  produce  and  label  plots,  and  answer  questions 
as  directed  by  your  instructor.  All  plots  should  be  numbered  and  titled,  with  x-  and  y-axes 
labeled. 


Part  1 — Generate  a  bitstream  to  encode 


A.  Generate  a  message  signal 

M'file:  Establish  a  time  vector  with  a  At  of  0.0001  and  a  duration  of  1 

second. 

Generate  a  multi-tone  message  signal  s  with  frequencies  less 
than  50.  (Maximum  signal  amplitude  should  not  exceed  10). 

B .  (^antize  the  message  signal 

M-file:  Use  quantize.m  to  quantize  the  message  signal,  using  2 

symbols  and  from  3  to  6  elements.  Use  a  sampling  rate  of  100 
to  200  Hz. 

Plot  1:  Plot  the  quantized  signal  over  the  message  signal. 

C.  Generate  a  bitstream 

The  function  “encode.m”  will  convert  “bin_nums,”  the  vector  returned  from 
“quantize.m”  containing  the  quantization  levels,  to  “codedsig,”  a  bitstream  of  1  ’s  and  O’s. 
Each  value  in  bin_nums  is  represented  by  one  binary  word  in  “codedsig.”  The  number  of 
bits  in  each  word  is  determined  by  the  number  of  elements. 

M-Hle:  Use  encode.m  to  convert  **bin  nums”  to  a  bitstream. 
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Part  2 — Encode  the  bitstream  using  pulse  code  modulation  (PCM) 


The  functions  “nrzluni.m,”  “rauni.m,”  and  “manchcst.m”  translate  the  vector 

“codedsig”  into  PCM  signals.  TTie  bit  rate  fw  these  PCM-encoded  signals  is  calculated  by 

multiplying  the  sampling  rate  by  the  number  of  elements. 

A.  Generate  a  non-retum-to-zero  level  (NRZL)  unipolar  coded  signal  and  spectmm 

M'file:  Using  nrzievel.m,  generate  a  NRZL  unipolar  coded  signal. 

Plot  2:  Plot  an  expanded  view  of  the  NRZL  unipolar  coded  signal  over 

the  quantized  signal,  showing  the  first  8  to  10  words. 

Question  1:  In  your  own  words,  describe  the  NRZL  unipolar  encoding 
scheme. 

M'file:  Using  spectral.m,  generate  a  NRZL  unipolar  coded  signal 

spectrum. 

Plot  3:  Plot  the  NRZL  unipolar  coded  signal  spectrum. 

Question  2:  Predict  an  adequate  baseband  signal  bandwidth  for  the  NRZL 
unipolar  coded  signal  based  on  its  spectral  plot. 

M'file:  To  free  memory,  clear  the  variables  for  the  NRZL  unipolar 

coded  signal  and  spectrum. 

B .  Generate  a  retum-to-zero  level  (RZL)  unipolar  coded  signal  and  spectrum 

M'file:  Using  rzuni.m,  generate  a  RZL  unipolar  coded  signal. 

Plot  4:  Plot  the  RZL  unipolar  coded  signal  over  the  quantized  signal, 

showing  the  same  portion  of  the  signal  as  in  Plot  5. 

Question  3:  In  your  own  words,  describe  the  RZL  unipolar  encoding 
scheme. 

M'file:  Using  spectral.m,  generate  an  RZL  unipolar  coded  signal 

spectrum. 

Plot  5:  Plot  the  RZL  unipolar  coded  signal  spectrum. 

Question  4:  Predict  an  adequate  baseband  si^al  bandwidth  for  the  RZL 
unipolar  coded  signal  based  on  its  spectral  plot. 

M'file:  To  free  memory,  clear  the  variables  for  the  RZL  unipolar  coded 

signal  and  spectrum. 
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C.  Generate  a  manchester  coded  signal  and  spectrum 

M’file:  Using  manchest.m,  generate  a  manchester  coded  signal. 

Plot  6:  Plot  the  manchester  coded  signal  over  the  quantized  signal, 

showing  the  same  portion  of  the  signal  as  in  Plot  5. 

Question  5:  In  your  own  words,  describe  the  manchester  encoding  scheme. 

M*file:  Using  spectral.m,  generate  a  manchester  coded  signal 

spectrum. 

Plot  7:  Plot  the  manchester  coded  signal  spectrum. 

Question  6:  Predict  an  adequate  baseband  signal  bandwidth  for  the 
manchester  coded  signal  based  on  its  spectral  plot. 

M'file:  Print  out  the  values  of  "codedsig”  that  represent  the  bits 

shown  in  Plots  2,  4,  and  6. 

Question  7:  Record  the  values  of  “codedsig.**  Is  this  bit  pattern  reflected 
on  Plots  2,  4,  and  6? 

D.  Estimate  bandwidth  for  the  PCM  signals 

The  minimum  theoiedcal  PCM  bandwidth  for  sine-shaped  pulses  is  B^N,  the 
baseband  message  signal  bandwidth  times  the  number  of  elements(bits).  Rectangular 
pulses  theoretically  require  an  infinite  bandwidth,  but  can  be  estimated  based  on  t,  the 
pulse  duration: 

B=0.5/x 

The  value  of  t  depends  on  the  PCM  encoding  scheme  enqployed.  For  NRZL  coded 
signals,  t  is  equal  to  the  bit  duration.  For  RZL  and  manchester  coded  signals,  t  is  equal  to 
lf2  of  the  bit  duration. 

Question  8:  Calculate  the  approximate  baseband  bandwidth  for  the  PCM 
signals: 

NRZL  unipolar  coded  signal 
RZL  and  manchester  coded  signals 

How  do  th^«e  values  compare  with  your  predictions? 


Programming  Laboratory  4B—page  3 


245 


This  page  is  intentionally 
left  blank. 


246 


Name: 

Section: 


EO  3513  Programming  Laboratory  4C 
Companding 


This  laboratory  requires  the  Communications  Toolbox  for  use  with  MATIAB.  The 
toolbox  functions  are  avtulable  on  disk  for  use  on  both  PC  and  Macintosh  platforms.  Users 
should  employ  the  “help”  feature  in  MATLAB  fen-  information  about  the  functions,  or 
consult  the  users’  guide. 

M-file  and  plot  instruedons  refer  to  building  MATLAB  script  files;  questions  can 
be  answered  separately.  Develop  script  files,  produce  and  label  plots,  aixl  answer  questions 
as  directed  by  your  instructor.  All  plots  should  be  numbered  and  titled,  with  x-  and  y-axes 
labeled 


Part  1 — Observe  the  effects  of  companding  on  the  message  signal 


A.  Generate  the  signal 

M'file:  Establish  a  time  vector  with  a  At  of  0.0001  and  a  duration  of 

0.05  seconds. 

Generate  the  following  multi-tone  message  signal  s: 

s=2+2.1*cos(2*pi*50*t)+1.7*cos(4*pi*50*t)... 

+1.5*cos(6*pi*50*t)+1.3*cos(8*pi*50*t); 

B .  Compare  compression  characteristics  for  high  and  low  values  of  mu 

Companding  (the  process  of  ccxnpressing,  then  expanding)  improves  the  quantization 
process  by  proportioning  signals  that  spend  roost  of  the  time  in  Ae  lower  range  of  the 
dynamic  range.  The  functions  “compress.m”  and  “expand.m”  simulate  a  mu-2SS 
compander.  Values  of  mu  range  from  1  to  2S5.  An  input  of  mu  =  255  produces  the 
maximum  ccmipression  and  expansion. 

When  using  “compress.m”  and  “expand.m,”  be  sure  pass  in  the  exact  maximum  of 
each  individual  signal.  Use  the  “max”  command  as  part  of  the  parameter. 

M-file:  Using  compress.m,  compress  the  message  signal,  using  mu  = 
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Using  expand.ni,  expand  the  compressed  signal,  using  mu  = 
255. 


Plot  1:  Plot  the  compressed  signal  (mu  =  255)  over  the  message 

signal.  (Notice  the  low-level  signal  activity.) 

Plot  the  expanded  signal  (mu  s  255)  on  the  same  graph.  The 
expanded  dgnal  should  plot  directly  over  the  message  signal. 

M-file:  Using  compress.m,  compress  the  message  signal,  using  mu  = 

5. 

Using  expand.m,  expand  the  compressed  signal,  using  mu  =  5. 

Plot  2:  Plot  the  compressed  signal  (mu  s  5)  over  the  message  signal. 

Plot  the  expanded  signal  (mu  =  5)  on  the  same  graph.  The 
expanded  signal  should  plot  directly  over  the  message  signal. 

Question  1:  What  is  the  effect  on  the  compressed  signal  of  increasing  the 
value  of  mu? 


Part  2 — Reduce  quandzaton  noise  by  companding  the  message  signal 


Your  goal  in  this  section  of  the  laboratory  is  to  design  a  companding  system  that  will 
reduce  quantization  noise.  The  signal  s  is  given,  as  is  the  use  of  a  2-bit  unipolar  quantizer. 
Your  variables  are  the  sampling  rate  and  the  value  of  mu.  (Note:  Your  variables  must 
remain  constant  within  the  system,  but  may  be  adjusted  to  represent  different  systems.) 

“(2uantuni.m”  eiiq)loys  a  truncation  rather  than  a  rounding  scheme,  which  tends  to 
increase  quantization  noise. 

A.  San:q)le  and  quantize  die  message  signal 

M-file:  Use  flattop.m  to  sample  the  message  signal. 

M-file:  Use  quantuni.m  to  quantize  the  sampled  signal  (use  the  same 

sampling  rate  for  sampling  and  quantizing).  Pass  in  2  symbols 
and  2  elements. 

Plot  3:  Plot  the  quantized  signal  over  the  sampled  signal. 

Plot  4:  Plot  the  message  signal  over  the  quantized  signal.  (This  graph 

illustrates  the  degree  of  quantization  noise  present  without 
companding.) 
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B.  Establish  a  benchmaik  value  fw  signal  to  noise  ratio 

M-file:  Use  siir.in  to  calculate  the  signal  to  nirise  ratio  for  the  message 

and  quantized  signals  (no  companding). 

Question  2:  Obtain  the  value  of  the  signal  to  mdse  ratio  (no  companding). 

Record  this  value.  By  ex^edlng  this  benchmark  value,  you 
will  be  decreasing  quantization  noise. 

C.  Compress,  sample,  and  quantize  the  message  signal 

M-file:  Use  compress.m  to  compress  the  message  signal. 

Plot  5:  Plot  the  compressed  signal  over  the  message  signal  to  gauge 

the  degree  of  compression. 

M-flle:  Use  flattopjn  to  sample  the  compressed  signal,  using  the  same 

sampling  rate  as  before. 

M-file:  Use  quantuni.m  to  quantize  die  sampled  compressed  signal, 

passing  in  2  symbols  and  2  elements.  Continue  to  use  the  same 
sampling  rate. 

Plot  6:  Plot  the  quantized  compressed  signal  over  the  sampled 

compressed  signal. 

D.  Expand  the  quantized  cominessed  signal 

M-file:  Use  expand.m  to  expand  tiie  quantized  compressed  signal. 

Plot  7:  Plot  tile  companded  signal  over  tiie  message  signal.  (This 

graph  illustrates  die  degree  of  quantization  noise  with 
companding.) 

E.  Find  the  signal  to  noise  ratio  for  the  companded  signal 

M-file:  Use  snr.m  to  calculate  the  signal  to  ntdse  ratio  for  the  message 

and  companded  signals. 

Question  3:  Obtain  the  value  of  the  signal  to  noise  ratio  using  companding. 
Record  this  value. 

If  the  aignal  to  noise  ratio  has  not  increased  over  die  benchmark  value  obtained  in 

Question  2,  examine  die  signals  shown  in  Hot  7.  Try  to  determine  die  major  cause  of  die 

noise  in  the  cmnpanded  signal.  Adjust  one  (x  both  variables  in  your  system,  and  repeat  the 

companding  steps. 
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EO  3513  Programming  Laboratory  5 
Amplitude  Modulation  Double  Sideband  (AM  DSB) 

This  laborattMy  requires  the  Communications  Toolbox  for  use  with  MATLAB.  The 
toolbox  functions  are  available  on  disk  for  use  on  both  PC  and  Macintosh  platforms.  Users 
should  employ  the  “help”  feature  in  MATLAB  for  information  about  the  fum;tions,  or 
consult  the  users’  guide. 

M-file  and  plot  instrucdons  refer  to  building  MATLAB  script  files;  questions  can 
be  answered  separately.  Develop  script  files,  produce  and  label  plots,  and  answer  questions 
as  directed  by  your  instructor.  All  plots  should  be  numbered  and  titled,  with  x-  and  y-axes 
labeled. 


Part  1 — Generate  single-  and  multi-tone  message  signals  and  spectra 


A.  Generate  the  message  signals 

M'file:  Establish  a  time  vector  with  a  At  ot  0.0001  and  a  duration  of  1 

second. 

Generate  a  single-tone  signal  with  a  frequency  of  less  than 
500. 

Generate  a  multi-tone  signal  with  frequencies  of  less  than  500. 
Plot  1:  Plot  the  single-tone  message  signal. 

Plot  2:  Plot  the  multi-tone  message  signal. 

B .  Predict  power  and  bandwidth  for  the  message  signals 

Parseval’s  theorem  states  that  average  signal  power  can  be  calculated  in  eitho*  die  time 
or  the  frequency  domain.  The  following  formu^  tqiplies  to  calculation  in  the  time  domain: 

p=v+ii(AN*+v) 

■^N=l 


Programming  Laboratory  5— page  I 


251 


Peak  power  is  calculated  as  follows: 


Question  1:  Calculate  the  following  values  for  the  single-tone  message 
signal: 

peak  power 
average  power 
baseband  bandwidth 

C.  Vsrify  bandwidth  for  the  message  signals 

M-flle:  Use  spectral.m  to  generate  the  spectrum  of  tiie  single-tone 

message  signal. 

Plot  3:  Plot  the  spectrum  of  the  single-tone  signal. 

Label  the  following  values: 

Hz  value  of  the  sp^:tral  component 
amplitude  of  the  spectral  component 
baseband  signal  bandwidth  in  Hz 

M-file:  Use  spectraljn  to  generate  the  spectrum  of  the  multi-tone 

message  signal. 

Plot  4:  Plot  the  spectrum  of  the  multi-tone  signal. 

Label  the  following  values: 

Hz  value  of  the  spectral  component 
amplitude  of  the  spectral  component 
baseband  signal  bandwidth  in  Hz 

M-tile:  Ib  memory,  dear  tiie  variables  representing  the  spectra  of 

the  single-  and  multi-tone  signals. 
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Part  2 — Generate  amplitude  modulated  double  sideband  (AM  DSB) 
signals  using  single-  and  multi-tone  input 

A.  Generate  the  single-  and  multi-tone  AM  DSB  signals 

M’file:  Modulate  the  single-tone  signal  by  multiplying  it  with  a  cosine 

with  a  carrier  frequency  of  1500  to  3000  Hz.  (Remember  to  use 
the  **.*”  operator.) 

Modulate  the  multi-tone  signal  by  multiplying  it  with  a  cosine 
with  a  carrier  firequency  of  1500  to  3000  Hz  (choose  a 
different  carrier  fk'equency  than  used  for  single-tone 
modulation). 

Plot  5:  Plot  the  single-tone  AM  DSB  signal. 

Plot  6:  Plot  an  expanded  view  of  the  single-tone  AM  DSB  and 

message  signals  that  shows  one  or  more  zero  crossings. 

Label  the  phase  shifts  shown  in  this  portion  of  the  signal. 

Plot  7:  Plot  the  multi-tone  AM  DSB  signal. 

Plot  8:  Plot  an  expanded  view  of  tiie  multi-tone  AM  DSB  and  message 

signals  that  shows  one  or  more  zero  cros  ^gs. 

Label  the  phase  shifts  shown  in  this  portion  of  the  signal. 

B .  Predict  power  for  the  single-tone  AM  DSB  signal 

Peak  power  for  the  AM  DSB  signal  is  calculated  as  before: 


Average  power  for  the  AM  DSB  signal  is  obtained  using  by  adding  the  power 
produced  by  each  of  the  two  components,  resulting  in 


4 

Question  2:  Predict  tiie  following  values  for  the  single-tone  AM  DSB 
signal: 

peak  power 
average  power 
transi^sion  bandwidth 
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C.  ^rify  the  bandwidth  of  the  single-  and  multi-tone  AM  DSB  signals 

M'Hle:  Use  spectral.m  to  generate  the  spectrum  of  the  single«tone  AM 

DSB  signal. 

Use  spectral.m  to  generate  the  spectrum  of  the  multi-tone  AM 
DSB  signal. 

Plot  9:  Plot  the  spectrum  of  the  single-tone  AM  DSB  signal. 

Label  the  following  values: 

amplitude  of  each  spectral  component 
Hz  value  of  each  spectral  component 
transmission  bandt^dUi  in  Hz 

Plot  10:  Plot  the  spectrum  of  the  multi-tone  AM  DSB  signal. 

Label  the  following  values: 

amplitude  of  each  spectral  component 
Hz  value  of  each  spectral  component 
transmission  bandwidth  in  Hz 

M-file:  To  free  memory,  clear  variables  representing  spectra  for  the 

single-  and  multi-tone  AM  DSB  signals. 

D.  Verify  power  for  the  single-tone  AM  DSB  signal 
Peak  power  is  verified  in  the  time  domain. 

M-file:  To  calculate  peak  power,  use  the  ^ax’*  command  to  find  the 

single-tone  AM  DSB  signal  maximum;  then  square  this  value 
and  divide  by  2. 

Average  power  is  verified  in  the  frequency  domain. 

M-file:  To  calculate  total  average  power,  use  psd.m  to  obtain  a  vector 

representing  power  spectral  density  of  the  single-tone  AM  DSB 
signal;  then  use  die  *^um”  command  to  add  the  frequencies. 

Question  3:  Record  the  values  representing  peak  and  average  power  for  the 
signal-tone  signal. 

Do  your  calculations  for  bandwidth  and  power  in  Question  2 
agree  with  the  computer-generated  values? 
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Part  3 — Recover  the  AM  DSB  signals 


A.  Demodulate  die  AM  DSB  signals  (multiply  by  dieir  carriers) 

M-file:  Multiply  the  single-tone  AM  DSB  signal  by  its  carrier. 

Use  spectral.m  to  generate  tihe  spectrum  of  the  demodulated 
single-tone  signal. 

Multiply  the  multi-tone  AM  DSB  signal  by  its  carrier. 

Use  spectral.m  to  generate  die  spectrum  of  the  demodulated 
multi-tone  signal. 

Tb  free  memory,  clear  variables  representing  the  single-  and 
multi-tone  AM  DSB  signals,  and  the  demodulated  single-  and 
multi-tone  AM  DSB  signals  (all  are  time  domain  vectors). 

Plot  11:  Plot  the  spectrum  of  die  demodulated  single-tone  signal. 

Plot  12:  Plot  the  spectrum  of  the  demodulated  multi-tone  signal. 

M-Dle:  To  free  memory,  clear  variables  representing  die  spectra  of  the 

demodulated  single-  and  multi-tone  demodulated  signals. 

B .  Hlter  and  recover  the  message  signals 

“Lowpass”  and  “ideallow”  are  the  lo^ass  filters  available.  Choose  cutoff 
fiequencies  that  capture  only  die  baseband  si^ial  fiequencies. 

M-file:  Use  recoverm.m  to  recover  and  filter  the  single-tone  baseband 

signal  frequencies. 

Multiply  the  recovered  signal  by  a  factor  of  2. 

Use  recoverm.m  to  recover  and  filter  the  multi-tone  baseband 
signal  frequencies. 

Multiply  the  recovered  signal  by  a  factor  of  2. 

Plot  13:  Plot  the  recovered  single-tone  signal  over  the  message  signal. 

Plot  14:  Plot  the  recovered  multi-tone  signal  over  the  message  signal. 

Question  4:  Why  is  coherent  detection  (detection  using  the  carrier) 
necessary  for  an  AM  l^B  signal? 

Programming  Laboratory  5-^ge  5 


255 


Ik 


This  page  is  intentionally 
left  blank. 


256 


Name: 

Section: 


EO  3513  Programming  Laboratory  6 
Amplitude  Modulation  Single  Sideband  (AM  SSB) 

This  laboratory  requires  the  Communications  Toolbox  fra*  use  with  MATLAB.  The 
toolbox  functions  are  available  on  disk  for  use  on  both  PC  and  Macintosh  platforms.  Users 
should  employ  the  “help”  feature  in  MATLAB  fen-  information  about  the  functitxis,  or 
consult  the  users'  guide. 

M'f  He  and  plot  instructions  refer  to  building  MATLAB  script  files;  questions  can 
be  answered  separately.  Develop  script  Hies,  produce  and  label  plots,  and  answer  questions 
as  directed  by  your  instructor.  All  plots  should  be  numbered  and  titl^,  with  x-  and  y-axes 
labeled. 


Part  1 — Generate  single-  and  multi-tone  message  signals  and  spectra 

A.  Generate  the  message  signals 

M'file:  Establish  a  time  vector  with  a  At  ot  0.0001  and  a  duration  of  1 

second. 

Generate  a  single-tone  signal  with  a  frequency  of  less  than 
500. 

Generate  a  multi-tone  signal  with  frequencies  of  less  than  500. 
Plot  1:  Plot  the  single-tone  message  signal. 

Plot  2:  Plot  the  multi-tone  message  signal. 

B .  Predict  the  power  and  bandwidth  for  the  message  signals 

Parseval’s  theorem  states  that  average  signal  power  can  be  calculated  in  either  the  time 
or  the  frequency  domain.  The  following  formida  applies  to  calculation  in  the  time  domain: 

P  =  Aq2  +  1/2  2  (A„2  +  summation  from  1  to ««» 
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Peak  power  is  calculated  as  follows: 

Pp=V/2 

Question  1:  Calculate  the  following  values  for  the  single*tone  message 
signal: 

peak  power 
average  power 
baseband  bandwidth 

C.  Verify  bandwidth  for  the  message  signals 

M-file:  Use  spectral.m  to  generate  the  spectrum  of  the  single-tone 

message  signal. 

Plot  3:  Plot  the  spectrum  of  the  single-tone  signal. 

Label  the  following  values: 

Hz  value  of  the  spectral  component 
amplitude  of  the  spectral  component 
baseband  signal  bandwidth  in  Hz 

M-file:  Use  spectral.m  to  generate  the  spectrum  of  the  multi-tone 

message  signal. 

Plot  4:  Plot  the  spectrum  of  the  multi-tone  signal. 

Label  the  following  values: 

Hz  value  of  the  spectral  component 
amplitude  of  the  spectral  component 
baseband  signal  bandwidth  in  Hz 

M-file:  To  free  memory,  clear  the  variables  representing  the  spectra  of 

the  single-  and  multi-tone  message  signals. 


Part  2 — Generate  amplitude  modulated  single  sideband  (AM  SSB)  signals 
using  single-  and  multi-tone  input 


A.  Generate  the  single-  and  multi-tone  AM  SSB  signals 

Single  sideband  modulation  could  be  accomplished,  in  theory,  by  double  sideband 
modulation  followed  by  filtering  of  unwanted  frequencies.  In  practice,  however,  retaining 
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one  sideband  while  rejecting  the  other  is  a  complex  jnocedure.  In  this  laboratory,  you  will 
use  a  Hilbert  transform,  simulated  by  the  function  “hilbeit.m,”  to  apply  a  90**  phase  shift  to 
the  signal,  cancelling  either  the  upper  or  lower  sideband. 

“Hilbert.m”  is  called  by  the  function  “ssb.m.” 

M'file:  Use  ssb.m  to  modulate  the  single>tone  signal.  Pass  in  a  carrier 

frequency  of  1500  to  3000  Hz. 

Use  ssb.m  to  modulate  the  multi>tone  signal.  Pass  in  a  carrier 
frequency  of  1500  to  3000  Hz  (choose  a  different  carrier 
frequency  than  used  for  single>tone  modulation). 

Plot  5:  Plot  the  single-tone  AM  lower  sideband  (LSB)  signal. 

Plot  6:  Plot  an  expanded  view  of  the  single-tone  AM  LSB  and  message 

signals. 

Plot  7:  Plot  the  single-tone  AM  upper  sideband  (USB)  signal. 

Plot  8:  Plot  an  expanded  view  of  the  single-tone  AM  USB  and 

message  signals. 

Plot  9:  Plot  the  multi-tone  AM  LSB  signal. 

Plot  10:  Plot  an  expanded  view  of  the  multi-tone  AM  LSB  and  message 

signals. 

Plot  11:  Plot  the  multi-tone  AM  USB  signal. 

Plot  12:  P^ot  an  expanded  view  of  the  multi-tone  AM  USB  and  message 

B .  Predict  power  and  bandwidth  for  the  AM  SSB  signals 

Peak  power  for  the  AM  SSB  signal  is  calculated  as  before: 

Pp-V/2 

Average  power  for  the  AM  SSB  signal  is  calculated  as  follows: 

P  =  A2/2 

An  examination  of  the  AM  SSB  signal  plots  will  confirm  that  the  signal  maximum  in 
an  AM  SSB  signal  is  half  of  the  signal  maximum  in  its  message  signal. 
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Question  2:  Predict  the  following  values  for  the  single-tone  AM  SSB 
signal: 

peak  power 
average  power 
transmission  bandwidth 

C.  Verify  the  power  and  bandwidth  of  the  AM  SSB  signals. 

M-file:  Use  spectral.m  to  generate  the  spectrum  of  the  single-tone  AM 

LSB  signal. 

Use  spectral.m  to  generate  the  spectrum  of  the  single-tone  AM 
USB  signal. 

Plot  13:  Plot  the  spectrum  of  the  single-tone  AM  LSB  signal. 

Label  the  following  values: 

amplitude  of  each  spectral  component 
Hz  value  of  each  spectral  component 
transmission  bandwidth  in  Hz 

Plot  14:  Plot  the  spectrum  of  the  single-tone  AM  USB  signal. 

Label  the  following  values: 

amplitude  of  each  spectral  component 
Hz  value  of  each  spectral  component 
transmission  bandwidth  in  Hz 

M-flle:  To  free  memory,  clear  the  variables  representing  the  spectra  of 

the  single-tone  LSB  and  USB  signals. 

Use  spectral.m  to  ge  e  the  spectrum  of  the  multi-tone  AM 
LSB  signal. 

Use  spectral.m  to  generate  the  spectrum  of  the  multi-tone  AM 
USB  signal. 

Plot  15:  Plot  the  spectrum  of  the  multi-tone  AM  LSB  signal. 

Label  the  following  values: 

amplitude  of  each  spectral  component 
Hz  value  of  each  spectral  component 
transmission  bandwidth  in  Hz 
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Plot  16:  Plot  the  spectrum  of  the  multi-tone  AM  USB  signal. 

Label  the  following  values: 

amplitude  of  each  spectral  component 
Hz  value  of  each  spectral  component 
transmission  bandwidth  in  Hz 

M-file:  To  free  memory,  clear  the  variables  representing  the  spectra  of 

the  multi-tone  LSB  and  USB  signals. 

Peak  power  is  verified  in  the  time  domain. 

M-fiie:  To  calculate  peak  power,  use  the  “max”  command  to  find  the 

single-tone  AM  LSB  signal  maximum;  then  square  this  value 
and  divide  by  2. 

Calculate  peak  power  for  the  single-tone  AM  USB  signal. 

Average  power  is  verified  in  the  frequency  domain. 

M-file:  To  calculate  total  average  power,  use  psd.m  to  obtain  a  vector 

representing  power  spectral  density  of  the  single-tone  AM  LSB 
signal;  then  use  the  “sum”  command  to  add  the  frequencies. 

Calculate  total  average  power  for  the  single-tone  AM  USB 
signal. 

Question  3:  Record  the  values  representing  peak  and  average  power  for  the 
signal-tone  LSB  and  USB  signals. 

Do  your  calculations  for  bandwidth  and  power  in  Question  2 
agree  with  the  computer-generated  values? 

M-file:  To  free  memory,  clear  the  variables  representing  the  power 

spectral  densities  of  the  single-tone  AM  LSB  and  USB  signals. 


Part  3 — Recover  the  AM  SSB  signals 


A.  Recover  the  single-tone  AM  SSB  signals 

The  first  step  in  recovering  an  AM  SSB  signal  is  to  demodulate  (multiply  the  signal 
by  its  carrier). 
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When  you  called  the  function  “ssb.in’’  you  passed  in  the  parameters  setting  amplitude 
(car.amp)  and  frequency  (car.fieq)  for  the  cai-ier  signal.  To  ^modulate  the  AM  SSB 
signals,  you  will  need  to  reconstruct  the  carrier  signsd  in  the  following  fcmn: 

carrier  =  car_amp*(2*pi*  car_frcq*t) 

M'file:  Multiply  the  single-tone  AM  LSB  signal  by  its  carrier. 

(Remember  to  use  the  **.***  operator.) 

Use  spectral.m  to  generate  the  spectrum  of  the  demodulated 
single-tone  AM  LSB  signal. 

Multiply  the  single-tone  AM  USB  signal  by  its  carrier. 

Use  spectral.m  to  generate  the  spectrum  of  the  demodulated 
single-tone  AM  USB  signal. 

To  free  memory,  clear  the  variables  representing  the  single- 
tone  AM  LSB  and  USB  signals;  and  their  demodulated  signals. 

Plot  17:  Plot  the  spectrum  of  the  demodulated  single-tone  AM  LSB 

signal. 

Plot  18:  Plot  the  spectrum  of  the  demodulated  single-tone  AM  USB 

signal. 

M-file:  To  free  memory,  clear  the  variables  representing  the  spectra  of 

the  demodulated  single-tone  AM  LSB  and  USB  signals. 

The  second  step  in  recovering  an  AM  SSB  signal  is  to  filter  the  denuxlulated  signal  in 
order  to  recover  the  message  sign^. 

“Lowpass”  and  “ideallow”  are  the  lowpass  filters  available.  Choose  cutoff 
frequencies  that  capture  only  the  baseband  signal  frequencies. 

M-file:  Use  recoverm.m  to  recover  and  filter  the  baseband  signal 

frequencies  for  the  single-tone  AM  LSB  signal. 

Multiply  the  recovered  signal  by  a  factor  of  4. 

Use  recoverm.m  to  recover  and  niter  the  baseband  signal 
frequencies  for  the  single-tone  AM  USB  signal. 

Multiply  the  recovered  signal  by  a  factor  of  4. 

To  free  memory,  clear  the  variables  representing  the  recovered 
single-tone  AM  LSB  and  USB  signals,  and  their  **fft**  vectors. 
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Plot  19:  Plot  the  recovered  single-tone  AM  LSB  and  USB  signals  over 

the  message  signal. 

B.  Recover  the  multi-tone  AM  SSB  signals 

M-file:  Multiply  the  multi-tone  AM  LSB  signal  by  its  carrier. 

Use  spectral.m  to  generate  the  spectrum  of  the  demodulated 
multi-tone  AM  LSB  signal. 

Multiply  the  multi-tone  AM  USB  signal  by  its  carrier. 

Use  spectral.m  to  generate  the  spectrum  of  the  demodulated 
multi-tone  AM  USB  signal. 

To  free  memory,  clear  the  variables  representing  the  multi-tone 
AM  LSB  and  USB  signals;  and  their  demodulated  signals. 

Plot  20:  Plot  the  spectrum  of  the  demodulated  multi-tone  AM  LSB 

signal. 

Plot  21:  Plot  the  spectrum  of  the  demodulated  multi-tone  AM  USB 

signal. 

M-file:  To  free  memory,  clear  the  variables  representing  the  spectra  of 

the  demodulated  multi-tone  AM  LSB  and  USB  signals. 

Use  recoverm.m  to  recover  and  filter  the  baseband  signal 
frequencies  for  the  multi-tone  AM  LSB  signal. 

Multiply  the  recovered  signal  by  a  factor  of  4. 

Use  recoverm.m  to  recover  and  filter  the  baseband  signal 
frequencies  for  the  multi-tone  AM  USB  signal. 

Multiply  the  recovered  signal  by  a  factor  of  4. 

To  free  memory,  clear  the  variables  representing  the  recovered 
single-tone  AM  LSB  and  USB  signals,  and  their  *‘fff’  vectors. 

Plot  22:  Plot  the  recovered  multi-tone  AM  LSB  and  USB  signals  over 

the  message  signal. 

Question  4:  Is  coherent  detection  (detection  using  the  carrier)  necessary 
for  an  AM  SSB  signal? 
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E0  3513  Programming  Laboratory  7 
Conventional  Amplitude  Modulation 
(Conventional  AM) 

This  laboratory  requires  the  Communications  Toolbox  for  use  with  MATLAB,  The 
toolbox  functions  are  available  on  disk  for  use  on  both  PC  and  Macintosh  platforms.  Users 
should  employ  the  “help”  feature  in  MATLAB  for  information  about  the  functions,  or 
consult  the  users’  guide. 

M'file  and  plot  instructions  refer  to  building  MATLAB  script  files;questions  can 
be  answered  separately.  Develop  script  files,  produce  and  label  plots,  and  answer  questions 
as  directed  by  your  instructor.  All  plots  should  be  numbered  and  titled,  with  x-  and  y-axes 
labeled. 


Part  1 — Generate  single-  and  multi-tone  message  signals  and  spectra 


A.  Generate  the  message  signals 

M'file:  Establish  a  time  vector  with  a  At  ot  0.0001  and  a  duration  of  1 

second. 

Generate  a  single-tone  signal  with  a  frequency  of  less  than 
500.  Find  the  maximum  signal  value. 

Generate  a  multi-tone  signal  with  frequencies  of  less  than  500. 
Find  the  maximum  signal  value. 

Plot  1:  Plot  the  single-tone  message  signal. 

Plot  2:  Plot  the  multi-tone  message  signal. 

B .  Predict  power  and  bandwidth  for  the  message  signals 

Parseval’s  theorem  states  that  average  signal  power  can  be  calculated  in  either  the  time 
or  the  frequency  domain.  The  following  formula  applies  to  calculation  in  the  time  domain: 

P  =  V+'^i(AN=+BN’) 
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Peak  power  is  calculated  as  follows: 


Question  1:  Calculate  the  following  values  for  tiie  single-tone  message 
signal: 

peak  power 
average  power 
baseband  bandwidth 

C .  Verify  bandwidth  for  the  message  signals 

M-file:  Use  spectral.m  to  generate  die  spectrum  of  die  single-tone 

message  signal. 

Plot  3:  Plot  the  spectrum  of  the  single-tone  signal. 

Label  the  following  values: 

Hz  value  of  the  spectral  component 
amplitude  of  the  spectral  component 
baseband  signal  bandwidth  in  Hz 

M-file:  Use  spectral.m  to  generate  the  spectrum  of  the  multi-tone 

message  signal. 

Plot  4:  Plot  the  spectrum  of  the  multi-tone  signal. 

Label  the  following  values: 

Hz  value  of  the  spectral  components 
baseband  signal  bandwidth  in  Hz 

M-file:  To  free  memory,  clear  die  variables  representing  the  spectra  of 

the  single-  and  multi-tone  signals. 
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Part  2 — Generate  conventional  amplitude  modulated  (conventional  AM) 
signals  using  single-  and  multi-tone  input 


A.  Generate  die  single-  and  multi-tone  conventional  AM  signals 

Tbe  function  “conv_am.m”  is  used  to  normalize  and  modulate  the  message  signal. 

M-file:  Use  conv_ani.iii  to  modulate  the  single-tone  message  signal. 

Use  a  carrier  frequency  of  1500  to  2M)00  Hz. 

Use  conv_am.m  to  modulate  the  multi-tone  message  signal, 
using  a  different  carrier  frequency  in  the  same  range. 

Plot  5:  Plot  the  single-tone  conventional  AM  signal. 

Plot  6:  Plot  the  multi-tone  AM  DSB  dgnal. 

B .  Predict  power  and  bano  width  for  the  conventional  AM  signals 

Peak  power  for  the  single-tone  conventional  AM  signal  is  calculated  as  follows: 
Pp  =  (l+m)2p^ 

where  P^  is  the  average  power  of  the  carriet 


Average  power  for  the  single-tone  conventional  AM  signal  is  calculated  as  follows: 


P  = 


1  + 


m 


2^ 


where  P,.  is  the  average  power  of  the  carrier. 

Question  2:  Predict  the  following  values  for  the  single-tone  conventional 
AM  signal: 

peak  power 
average  {rawer 
transi^ssion  bandwidth 
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C .  \ferify  tiie  power  and  bandwidth  of  the  conventional  AM  signal 


Amplitude  of  the  spectral  components  in  the  sidebands  of  the  conventional  AM  signal 
can  be  calculated  as 


mA/2 


where  m  is  the  modulation  index  and  A  is  the  amplitude  of  the  signal  tone.  The  amplitude 
of  the  spectral  component  representing  the  carrier  is  equal  to  the  amplitude  of  the  carrier. 


M-nie:  Use  spectral.m  to  generate  the  spectrum  of  the  single-tone 

conventional  AM  signal. 


Use  spectral.m  to  generate  tiie  spectrum  of  the  multi-tone 
conventional  AM  signal. 

Plot  7:  Plot  the  spectrum  of  the  single-tone  conventional  AM  signal. 


Label  the  following  values: 


amplitude  of  each  spectral  component 
Hz  value  of  each  spectral  component 
transmission  bandwidth  in  Hz 


Plot  8:  Plot  the  spectrum  of  the  multi-tone  conventional  AM  signal. 

Label  the  following  values: 

Hz  value  of  each  spectral  component 
transmission  bandsridth  in  Hz 

M-nie:  To  free  memory,  clear  variables  representing  spectra  of  the 

single-  and  multi-tone  convention^  AM  signals. 

Peak  power  is  verified  in  the  time  domain. 


M-file:  To  calculate  peak  power,  use  the  ‘^ax’’  command  to  find  the 

single-tone  conventional  AM  signal  maximum;  then  square  this 
value  and  divide  by  2. 


Average  power  is  verified  in  the  frequem^y  domain. 

M-flle:  To  calculate  total  average  power,  use  psd.m  to  obtain  a  vector 

representing  power  spectr^  density  of  the  single-tone 
conventionid  AM  signal;  tiien  use  the  **sum’’  command  to  add 
the  frequencies. 

To  free  memory,  clear  the  variable  representing  power  spectral 
density. 
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Question  3:  Record  the  values  representing  peak  and  average  power  for  the 
signal’tone  conventional  AM  signal. 

Do  your  calculations  for  bandwidth  and  power  in  Question  2 
agree  with  the  coniputer>generated  values? 


Part  3 — Recover  the  conventional  AM  signals 


A.  Recover  the  single-tone  conventional  AM  signal 

Conventional  AM  signals  are  recovered  via  use  of  a  bandpass  filter  and  envelope 
detector 

The  function  “recoverm.m”  is  used  to  bandpass-filter  and  recover  fhe  signals. 

M-tile:  Use  recoverm.m  and  the  bandpass  filter  idealbnd.m  to  filter 

and  recover  tiie  single-tone  conventional  AM  signal. 

The  function  “envelope.m”  is  an  envelope  detector  that  uses  a  Hilbert  transform  to 
detect  the  magnitude  of  the  complex  envelope.  Due  to  its  algorithm,  “envelope.m”  is  a 
highly  accurate  but  memory-intensive  function. 

M-file:  Reduce  the  size  of  the  vector  representing  the  filtered  single¬ 

tone  conventional  AM  signal  to  about  500  points. 

Use  envelope.m  detect  the  filtered  single-tone  conventional 
AM  signal. 

Plot  9:  Plot  an  expanded  view  of  the  single-tone  envelope-detected 

signal  over  its  filtered  conventional  AM  signal. 

To  complete  the  si^al  detection,  the  steps  in  the  conventional  AM  process  are 
reversed.  The  DC  value  is  removed  fiom  the  envelope-detected  signal;  tl^  signal  is  divided 
by  the  modulation  index;  finally  the  signal  is  multiplied  by  the  maximum  value  of  the 
original  message  signal. 

M-file:  Subtract  1  from  the  envelope-detected  signal  to  remove  the  DC 

value.  Then  divide  by  the  modulation  index  and  multiply  by 
the  maximum  value  in  the  message  signal. 

Plot  10;  Plot  an  expanded  view  of  the  single-tone  message  signal  over 
the  modified  envelope-detected  signal. 
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B .  Recover  tiie  multi-tone  conventional  AM  signal 

M-file:  Use  recovenii.ni  and  the  bandpass  filter  idealbnd.ni  to  filter 

and  recover  the  multi*tone  conventional  AM  signal. 

Reduce  the  size  of  the  vector  representing  the  filtered  multi- 
tone  conventional  AM  signal  to  about  500  points. 

Use  envelope.m  detect  the  filtered  multi-tone  conventional  AM 
signal. 

Plot  11:  Plot  an  expanded  view  of  the  multi-tone  envelope-detected 

signal  over  its  filtered  conventional  AM  signal. 

M-file:  Subtract  1  from  the  envelope-detected  signal  to  remove  the  DC 

value.  Then  divide  by  the  modulation  index  and  multiply  by 
the  maximum  value  in  the  message  signal. 

Plot  12:  Plot  an  expanded  view  of  the  multi-tone  message  signal  over 

the  modified  envelope-detected  signal. 

Part  4 — Observe  the  effect  of  overmodulation  on  a  conventional  AM 
signal 

A.  Oveimodulate  a  single-tone  conventional  AM  signal 

M-file:  Use  conv_am.m  to  modulate  the  single-tone  signal,  using  a 

modulation  index  greater  than  1. 

Using  the  envelope  detector  on  the  corventional  AM  signal  will  give  you  a  preview 
of  why  envelope  detection  is  inadequate  as  a  detection  method  for  an  overmodula^ 
conventional  AM  signal. 

M-file:  Reduce  the  lengdi  of  the  overmodulated  conventional  AM 

signal  to  about  500  points. 

Use  envelope.m  to  detect  the  envelope  of  the  overmodulated 
signal. 

Plot  13:  Plot  an  expanded  view  of  file  envelope-detected  signal  over  the 

overmodulated  conventional  AM  signal. 
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B .  Describe  the  effect  of  overmodulation  on  signal  recovery 

Question  4:  What  type  of  detection  is  needed  for  an  overmodulated 
conventional  AM  signal?  Why? 
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EO  3513  Programming  Laboratory  8 
Frequency  Modulation  (FM) 

This  laboratory  requires  the  Communications  Toolbox  for  use  with  MATLAB.  The 
toolbox  functions  are  available  on  disk  for  use  on  both  PC  and  Macintosh  platforms.  Users 
should  employ  the  “help”  feature  in  MATLAB  for  information  about  the  functions,  or 
consult  the  users’  guide. 

M-file  and  plot  instructions  refer  to  building  MATLAB  script  files;  questions  can 
be  answered  separately.  Develop  script  files,  produce  and  label  plots,  and  answer  questions 
as  directed  by  your  instructor.  All  plots  should  be  numbered  and  titled,  with  x-  and  y-axes 
labeled. 


Part  1  "Observe  the  FM  modulation  process  for  single-  and  multi-tone 
input 

A.  Generate  the  message  signals 

M'file:  Establish  a  time  vector  with  a  At  of  0.0001  and  a  duration  of  1 

second. 

Generate  a  single-tone  signal  with  a  frequency  of  less  than 

100. 

Generate  a  two-tone  signal  with  frequencies  of  less  than  100. 
Amplitudes  may  vary. 

Plot  1:  Plot  the  single-tone  message  signal. 

Plot  2:  Plot  the  multi-tone  message  signal. 
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B .  Predict  peak  power,  average  power,  and  bandwidth  for  Ae  message  signals 

Parseval’s  dteorem  states  that  average  signal  power  can  be  calculated  in  either  die  time 
or  die  frequency  domain.  The  following  foimi^  applies  to  calculation  in  the  time  domain: 

'’  =  V+vi(AN’+BN=) 


Peak  power  is  calculated  as  follows: 


Question  1:  Calculate  the  following  values  for  the  single-tone  message 
signal: 

peak  power 
average  power 
baseband  bandwidUi 

C.  Generate  the  single- and  multi-tone  message  signals  spectra 

M-flIe:  Use  spectral.m  to  generate  the  spectrum  of  die  single-tone 

message  signal. 

Plot  3:  Plot  the  spectrum  of  the  single-tone  message  signal. 

Label  the  following  values  for  the  message  signal: 

Hz  value  of  die  spectral  component 
amplitude  of  the  spectral  component 
baseband  signal  bradwidth  in  Hz 

M-fiie:  Use  spectralun  to  generate  the  spectrum  of  the  multi-tone 

message  signal. 

Plot  4:  Plot  the  spectrum  of  die  multi-tone  message  signal. 

Label  the  following  values  for  die  message  signal: 

Hz  value  of  die  qiectral  components 
amplitude  of  the  spectral  components 
baseband  signal  biindwiddi  in  Hz 

M-file:  lb  free  memory,  dear  die  varialdes  associated  with  the  singie- 

and  mult  tone  message  signal  spectra. 


Programming  Laboratory  8— page  2 


274 


Part  2— Generate  frequency  modulated  (FM)  signals  using  single-  and 
multi-tone  input 


A.  GeneratB  the  single-  and  multi-tone  FM  signals 

The  function  ‘Tm_mod.m”  is  used  to  finequency  modulate  the  message  signal.  Input 
parameters  relating  to  the  message  signal  frequency  and  phase,  and  carrier  sigt^  frequency 
and  amplitude  must  be  specified.  Additionally,  either  beta  (6)  or  delta^f  (Af)  must  be 
specified.  When  6  is  specified,  Af  is  calculated  and  returned,  and  vice  versa. 

For  multi-tone  FM  signals,  signal  frequencies  and  phases  are  passed  in  using 
vectors.  For  this  laboratory,  phase  (theta)  can  be  set  to  zero.  A  sample  frequency  vector 
follows: 

fm=[33  66] 

M-file:  Use  fm_mod.m  to  generate  the  single-tone  FM  signal. 

Use  fni_mod.ni  to  generate  the  multi-tone  FM  signal. 

For  both  FM  signals,  use  B  s  10  and  a  carrier  frequency 
between  1500  and  2500  Hz.  Set  the  amplitude  of  each  FM 
signal  equal  to  the  maximum  amplitude  in  its  message  signal. 

Plot  5:  Plot  die  single-tone  FM  signal  over  its  message  signal.  Notice 

the  variations  in  FM  signal  frequency  as  message  signal 
amplitude  changes. 

Plot  6:  Plot  the  multi-tone  FM  signal  over  its  message  agnal.  Show 

the  message  signal  maximum  and  minimum  amplitudes,  if 
possible. 

B .  Predict  peak  power,  average  power,  and  bandwidth  for  the  FM  signals 
Pbak  power  is  calculated  as  before: 


Average  power  of  the  FM  signal  is  calculated  as  follows: 

P  =  A2/2 
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RecallthatBandAf  are  related  in  There  are  three  cases  for  estimating 

tnmsmission  bandwidth,  depending  on  die  value  of  B; 

for  B  ^  0.25  Bj  -  2  fm  rrowband  FM) 

for  2.5  ^  B  <  10  Bx  «  2  (1  +  B)  fm  (Carson’s  rule) 

for  B  ^  10  Bj  «  2  B  fn,  (wideband  FM) 

where  foi  is  the  frequency  of  the  message  signal. 

Question  2:  Predict  the  following  values  for  the  single-tone  FM  signal: 

peak  power 
average  power 

nuudmum  frequency  deviation  Af 
transmission  banditidth  (use  Carson’s  rule) 

C.  Generate  the  spectra  of  the  FM  signals 

M-file:  Use  spectral,m  to  generate  the  spectrum  of  the  single-tone  FM 

signal. 

Plot  7:  Plot  the  spectrum  of  the  single-tone  FM  signal. 

Label  tiie  carrier  frequency  and  the  transmission  bandwidth. 
Label  Af  to  each  side  of  the  carrier  frequency. 

Question  3:  Consult  a  table  of  values  for  Bessel  functions  (or  use  the 
MATLAB  **besser  command).  How  many  sidebands  are 
required  for  98%  power  transmission  for  this  FM  signal?  Does 
tile  spectrum  shown  in  Plot  7  reflect  the  expected  number  of 
sidebands? 

Question  4:  What  is  tiie  distance  between  tiie  sidebands  in  tiie  FM  spectrum 
shown  in  Plot  7? 

M-file:  Use  spectral.m  to  generate  the  spectrum  of  the  multi-tone  FM 

signal. 

When  calculating  transmission  bandwidth  for  a  multi-tone  FM  signal,  use  the 

maximum  finequency  in  the  message  signal 

Plot  8:  Plot  the  spectrum  <ii  tiie  multi-tone  FM  signal. 

Labfil  tiie  carrier  firequency  and  transmission  bandwidth. 
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D.  \fcrify  the  power  and  bandwidth  of  die  single-tone  FM  signal 
Peak  power  is  voified  in  the  time  domain. 

M-flle:  To  calculate  peak  power*  square  the  nuudmum  value  of  the  FM 

signal  and  divide  by  2. 

Average  power  is  voified  in  the  frequency  domain. 

M'file:  To  caicuiate  total  average  power,  use  psd.ni  to  obtain  a  vector 

representing  power  spectr^  density  of  the  single-tone 
conventional  AM  signal;  then  use  the  conunand  to  add 

the  frequencies. 

Question  5:  Record  the  vaiues  representing  peak  and  average  power  for  the 
signal-tone  FM  signal. 

Do  your  calculations  for  bandwidth  and  power  in  Question  2 
agree  with  the  computer-generated  values? 


Part  3--Control  the  bandwidth  of  the  FM  signals 


A.  Control  the  bandwidth  of  the  single-tone  FM  signal  by  varying  6 

M-flle:  Use  fm_mod.m  to  generate  two  single-tone  FM  signals,  both  at 

a  carrier  frequency  of  2500  Hz  but  widi  different  vaiues  of  B. 

Question  0:  Calculate  the  maximum  frequency  deviation  Af  associated  with 
each  of  the  two  values  of  B. 


Question  7:  Calculate  the  transmission  bandwidth  for  each  of  the  single¬ 
tone  FM  signals. 

M-flle:  Use  spectral.m  to  generate  die  spectra  of  the  two  single-tone 

FM  signals. 

Plot  9:  Plot  the  first  of  the  single-tone  FM  signal  spectra  generated 

above. 


Lahfil  the  spectrum  widi  the  transmission  bandwidth  calculated 
in  Question  7. 
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Plot  10:  Plot  the  second  of  the  single-tone  FM  signal  spectra  generated 

above. 

Label  the  spectrum  with  the  transmission  bandwidth  calculated 
in  Question  7. 

A.  C(»ittol  the  bandwiddi  of  the  multi-toiie  FM  signal  by  varying  At 

M-file:  Use  fm_mod.m  to  generate  two  multi-tone  FM  signals,  both  at 

a  carrier  frequency  of  2500  Hz  but  with  different  values  of  At. 

Question  8:  Calculate  the  value  of  B  associated  with  each  of  the  two  values 
of  Af. 

Question  9:  Calculate  the  transmission  bandwidth  for  each  of  the  multi- 

tone  FM  signals  (use  the  higher  of  the  two  values  for  message 
signal  frequency). 

M-nie:  Use  spectral.m  to  generate  the  spectra  of  the  two  multi-tone 

FM  signals. 

Plot  11:  not  the  first  of  the  multi-tone  FM  signal  spectra  generated 

above. 

Labfil  the  spectrum  with  the  transmission  bandwidth  calculated 
In  Question  9. 

Plot  12:  Plot  the  second  of  the  single-tone  FM  signal  spectra  generated 

above. 

Label  the  spectrum  with  the  transmission  bandwidth  calculated 
in  Question  9. 
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Name; 

Section: 


E0  3513  Programming  Laboratory  9 
Radio  Frequency  Digital  Modulation  Methods 
(ASK,  FSK,  BPSK,  and  QPSK) 

This  laboratory  requires  the  Communications  Toolbox  for  use  with  MATLAB.  The 
toolbox  functions  are  available  on  disk  for  use  on  both  PC  and  Macintosh  platforms.  Users 
should  employ  the  “help”  feature  in  MATLAB  for  information  about  the  functions,  or 
consult  the  users’  guide. 

M-file  and  plot  instmcdons  refer  to  building  MATLAB  script  files;  questions  can 
be  answered  separately.  Develop  script  files,  produce  and  label  plots,  and  answer  questions 
as  directed  by  your  instructor.  All  plots  should  be  numbered  and  titled,  with  x-  and  y-axes 
labeled. 


Part  ] — Amplitude  shift  keying  (ASK) 


A.  Generate  the  digital  message  signal 

The  radio  frequency  moduladon  methods  in  this  laboratory  are  all  based  on  digital 
message  signals.  One  method  of  generating  a  random  bitstream  in  MATLAB  is  described 
below; 

bitstream=round(rand( 1:500));  %random  bitstream 
M-fiie:  Generate  a  random  bitstream  of  100  bits. 

ASK  signals  require  a  uiupolar  digital  signal. 

M'file:  Use  “nrzluni.m”  to  generate  a  digital  message  signal  with  a  bit 

rate  of  100  bits  per  second. 

Question  1:  Calculate  the  bit  duration  t  for  this  signal. 

Plot  1:  Plot  at  least  the  first  10  bits  of  the  NRZL  unipolar  digital 

message  signal. 

Label  the  values  (0  or  1)  of  the  first  10  bits,  and  the  bit 
duration  t. 
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Recall  that  a  “coarse”  ai^roximation  for  baseband  bandwiddi  of  a  digital  signal  is 

0.5/t. 

Question  2:  Calculate  the  approxlnuite  baseband  bandwidth  of  the  NRZL 
unipolar  digital  message  signal. 

M-file:  Use  *^pectral.m**  to  generate  the  one-sided  spectrum  of  the 

digital  message  signal. 

Plot  2:  Plot  the  first  2000  Hz  of  the  NRZL  unipolar  digital  message 

signal  spectrum. 

Label  the  baseband  bandwidth  in  Hz. 

B.  Generate  the  ASK  signal 

M-file:  Generate  the  ASK  signal  by  modulating  it  with  a  cosine  with  a 

carrier  frequency  of  between  500  and  1000  Hz.  (Remember  to 
use  the  operator.) 

Plot  3:  Plot  at  least  5  bits  of  the  ASK  signal. 

Label  the  values  (0  or  1)  of  the  bits  shown. 

Question  3:  Why  is  ASK  modulation  often  referred  to  as  ‘*on-off  keying**? 

M-file:  Use  ^spectral.m**  to  generate  the  one-sided  spectrum  of  the 

ASK  signal. 

Plot  4:  Plot  the  first  2000  Hz  of  the  ASK  signal  spectrum. 

Label  the  carrier  frequency  of  the  ASK  signal. 

M-file:  To  free  memory,  clear  tiie  ASK  signal  and  spectrum,  and  the 

NRZL  unipolar  digital  message  spectrum. 


Part  2 — Frequency  shift  keying  (FSK) 


A.  Generate  the  FSK  signal 

The  FSK  signal  can  be  based  on  either  a  unipolar  or  bipolar  digital  signal  Use  the 
NR23^  unipolar  digital  message  signal  generated  in  Part  1  to  generate  the  FSK  signal. 

The  FSK  signal  is  generated  using  the  function  “fsk.m.”  Within  this  function,  the 
bits  representing  1 ’s  are  modulated  at  a  higher  frequency,  and  the  bits  representing  O’s  are 
modulated  at  a  lower  frequency. 
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M-file: 


Use  **fsk.ni”  to  generate  the  FSK  signal.  Choose  a  high 
frequency  of  between  1000  and  1500  and  a  low  frequency  of 
between  500  and  1000,  allowing  a  margin  of  200  Hz  between 
tte  two  frequencies. 

Plot  S:  Plot  at  least  the  first  5  bits  of  the  FSK  signal  over  the 

NRZL  unipolar  digital  message  signal. 

Label  the  values  (0  or  1)  of  the  bits  shown. 

M-file:  Use  *‘spectral.m”  to  generate  the  one-sided  spectrum  of  the 

FSK  signal. 

Plot  6:  Plot  the  first  2000  Hz  of  the  FSK  signal  spectrum. 

Label  die  two  carrier  frequencies  of  the  FSK  signal. 

M-file:  To  free  memory,  clear  the  FSK  signal  and  spectrum  and  the 

NRZL  unipolar  digital  message  signal. 


Part  3 — Binary  phase  shift  keying  (BPSK) 


A.  Generate  the  digital  message  signal 

The  BPSK  signal  is  based  on  a  bipolar  digital  signal. 

M-file:  Set  the  bit  pattern  for  the  first  8  bits  of  the  bitstream  as 

follows: 

bitstream(l:8M0  0  0  1  1  0  1  1]; 

Use  *‘nrzlbi.m”  to  generate  an  NRZL  bipolar  digital  message 
signal  at  a  bit  rate  of  100  bits  per  second. 

Plot  7:  Plot  at  least  the  first  10  bits  of  the  NRZL  bipolar  digital 

message  signal. 

Label  the  values  (0  or  1)  of  the  first  10  bits,  and  the  bit 
duration  x. 

M-file:  Use  **spectral.m”  to  generate  die  spectrum  of  die  NRZL  bipolar 

digital  message  signal. 
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Plot  8:  Plot  the  first  2000  Hz  of  Uie  spectrum  of  the  NRZL  bipolar 

digital  message  signal. 

Label  flie  baseband  bandwidth  in  Hz. 

B .  Generate  the  BPSK  signal 

M>file:  Generate  the  BPSK  signal  by  modulating  the  message  signal 

with  a  cosine  at  a  frequency  of  between  250  and  1000  Eb. 

Plot  9:  Plot  at  least  the  first  5  bits  of  the  NRZL  biprdar  digital 

message  signal  over  the  BI^K  signal.  Notice  the  phase  shifts 
present  in  the  signal  where  bit  v^ues  change. 

Label  the  values  (0  or  1)  of  the  bits  shown. 

B .  Generate  the  BPSK  spectrum 

M'file:  Use  ‘‘spectral.m*’  to  generate  the  one-sided  spectrum  of  the 

BPSK  signal. 

Plot  10:  Plot  the  first  2000  Hz  of  die  BPSK  signal  spectrum. 

Label  die  carrier  frequency  of  the  BPSK  signal. 


Part  4—Quadriphase  shift  keying  (QPSK) 


The  QPSK  signal,  like  the  BPSK  signal,  must  be  based  on  a  bipolar  digital  message 
signal;  however,  it  exhibits  four  different  types  of  phase  shifts.  The  IBrst  8  bits  of  the  digital 
message  signal  form  a  pattern  that  will  demonstrate  the  four  types  of  phase  shifts  present  in 
the  QPSK  signal. 

A.  Generate  the  QPSK  signal 

The  first  step  in  generating  the  QPSK  signal  is  to  split  the  signal  by  putting  it  through 
a  seiial-to-parallel  converter.  One  of  the  ouqiot  signals  is  composed  of  the  odd  bits,  the 
other  of  the  even  bits.  The  bits  in  each  output  sig^  have  a  bit  rate  of  half  of  die  input 
signal. 

M-file:  Use  **ser_par.m**  to  split  the  NRZL  bipolar  digital  message 

signal  into  two  signids. 

Plot  11:  Plot  at  least  the  first  5  bite  of  the  signal  composed  of  odd  bite. 

Label  the  values  (0  or  1)  of  die  first  5  bite  shown,  and  die  bit 
duration  x. 
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Plot  12:  Plot  at  least  the  first  5  bits  of  the  signal  composed  of  even 

bits. 

Label  the  values  (0  or  1)  of  the  first  5  bits  shown,  and  the  bit 
duration  x. 

Next,  the  signal  coniiposed  of  odd  bits  must  be  modulated  by  a  positive  cosine 

function.  Ibe  signal  composed  of  even  bits  most  be  modulated  by  a  negative  sine  function. 

M-file:  Multiply  the  signal  composed  of  odd  bits  with  a  positive 

cosine  function  with  a  carrier  frequency  of  between  250  and 
1000  Hz. 

Plot  13:  Plot  at  least  the  first  5  bits  of  die  digital  message  signal  over 

the  modulated  **odd-bit**  dgnal.  Notice  the  phase  shifts 
present. 

M-file:  Using  the  same  carrier  frequency,  multiply  the  signal 

composed  of  even  bits  witii  a  negative  sine  function. 

Plot  14:  Plot  at  least  the  first  5  bits  of  the  digital  message  signal  over 

the  modulated  ^^even-biP*  signal.  Notice  the  phase  shifts 
present. 

The  QPSK  modulation  process  is  completed  by  summing  the  two  modulated  signals 

in  the  time  domain. 

M-file:  Sum  the  two  modulated  signals. 

Plot  15:  Plot  the  first  5  bits  of  tiie  QPSK  signal  (0.1  seconds). 

Label  the  phase  shifts  present  in  the  signal. 

M-file:  Use  **spectral.m”  to  generate  tiie  one-sided  QPSK  spectrum. 

Plot  16:  Plot  tiie  first  2(MM)  Hz  of  the  QPSK  spectrum. 

Label  tiie  carrier  frequency  of  the  QPSK  signal. 

Question  4:  Compare  the  spectrum  for  the  BPSK  signal  in  not  10  witii  tiiat 
of  the  QPSK  signal  in  Plot  16.  What  is  tiie  chief  advantage  of 
quadriphase  shift  keying  over  bipolar  phase  shift  keying? 
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APPENDIX  D— PROGRAMMING  LABORATORY  KEYS 


EO  3513  Programming  Laboratory  1  Key 
Signal  and  Spectrum  Generation 

Answers  will  vary.  The  answers  below  are  based  on  the  fallowing  signals: 

sls=5*cos(2*pi*30^tl); 

s2*10*cos(2*pi*100*t2); 

s3«15*cos(2*pi*250*t2)+5*cos(2*pi*400*t2); 

Question  1:  Compare  Plots  4  and  5.  Why  does  Plot  5  display  more 
frequencies  than  Plot  4? 

Answer:  For  signal  si  shown  in  Plot  4,  die  step  size  of  0.001  produced  a  one-sided 

spectrum  of  only  500  Hz;  for  signal  il  shown  in  Plot  5,  die  step  size  of 
0.0001  produced  a  one-sided  spectum  of 5000  Hz. 

Question  2:  Given  the  spectral  plot  of  a  single-tone  signal,  how  could  ymi 
determine  tiie  maximum  amplitude  and  ft'equency  for  the 
signal? 

Answer  On  a  one-sided  spectrum,  signal  amplitude  is  plotted  against  fl^uency  in 

Hz.  The  maximum  sig^oal  amplitude  couM  be  found  by  observing  the 
amplitude  of  die  spectral  component  Frequency  could  be  determined  by 
observing  die  Hz  value  of  die  spectral  component 
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Plot  1  -  signal  si 
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Plot  3  -  signals  s2  and  s3 
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Plot  4  -  spectrum  of  si 
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Plot  5  -  spectrum  of  s2 


100  Hz  with  amplitude  «  10 
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Plot  6  -  spectrum  of  s3 
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labl^ex.m 

%Itegrainining  Lab  1  example  for  instructor  use 
%Answers  will  vary! 

%%%%%%%%%%%%%%%%%%%%%%%%%%%% 
%Prograinming  Lab  1  Signal  and  Spectrum  Generation 
%%%%%%%%%%%%%%%%%%%%%%%%%%%% 
%Pait  l~PtDduce  and  plot  signals 
%A.  Establish  a  time  vector 

clear 

clg 


tlsOt.OOl:!; 

t2=0:.0001:l: 

%B.  Generate  a  signal 

sl=5*cos(2*pi*30*tl); 

s2=10*cos(2*pi*100*t2): 

s3=15*cos(2*pi*250*t2)+5*cos(2*pi*400*t2); 

%C.  Controlling  signal  plots 

%Plot  1 

subplot(21 1), 
plot(tl,sl) 

titleCPlot  1  -  signal  si*) 
xlabeI(Time') 
ylabelC  Amplitude*) 

%Plot  2 

plot(t2(l:1000)^2(l:1000)) 
title^lot  2  -  portion  of  signal  sT) 
xlabelCnme*) 
ylabelCAmplitude*) 


pause 

clg 

%Plot3 

sul^lot(211). 

plot(t2(l:  1000)^3(1: 1000)) 
title^ot  3  -  sigmds  s2  and  s3') 
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xlabelCTime') 

ylabelCAmplitude') 

hcddon 

plot(t2(l:1000)^2(l:1000).’b') 
hold  off 

%%%%%%%%%%%%%%%%% 

%Part  2--Produce  and  plot  specsra 
%A.  Calling  a  function 

[specl;shortHz]sspectral(sl,.001);  %generate  spectnim  for  si 
%Plot  4 

piot(shortHz,specl)  %piot  spectrum  of  si 
title('Plot  4  -  spectrum  of  si*) 
xlabelCFrequency  in  Hz') 
ylabelCAmplitude') 

pause 

clg 

[spec24ongHz]=spectial(s2,.0001);  %generate  spectrum  for  s2 

%Plot  5 

subplot(211), 

plot(longHz,spec2)  %plot  spectrum  of  s2 
titleCPlot  5  -  spectrum  of  s2') 
xlabelCFrequency  in  Hz') 
ylabelCAmplitude*) 

[spec3]sspectral(s3,.0001);  %generate  spectrum  for  s3 
%Plot  6 

plot(longHz,spec3)  %plot  spectrum  of  s3 
title^lot  6  -  spectrum  of  s3') 
xlabelCFrequency  in  Hz') 
ylabelCAmplitude') 
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EO  3513  Programming  Laboratory  2A  Key 
Natural  Sampling  and  Recovery 


Answers  will  vary.  The  answers  below  are  based  on  the  following  signal: 
s=2*(cos(2*pi*150n)+cos(2*pi*250*t)+cos(2*pi*450*t)); 

Question  1:  What  is  the  maximum  amplitude  of  the  signal? 

Answer  6 

Question  2:  What  is  the  highest  frequency  in  the  signal?  What  is  the 
Nyquist  rate? 

Answer.  highest  frequency  is  450  Hz 
Nyquist  rate  is  900  Hz 

Question  3:  Calculate  the  following  values  for  the  sampled  signal: 

sampling  period  T  (calculated  in  seconds) 
pulse  duration  x  (calculated  in  seconds) 

Describe  the  pulse  shape  of  the  sampled  signal. 

Answer.  T  =  1/fs  =>  1/1000  =>  0.001  seconds 

t  =  d  ♦  T  *>  0.5  ♦  0.001  =>  0.0005  seconds 

The  top  of  each  pulse  reflects  the  shape  of  the  message  signal. 

Question  4:  Calculate  for  N  s  N  =  2,  and  N  »  3. 

Compare  with  the  values  shown  on  the  spectral  plot. 

Answer  ForN=l  Pj^=  0.3183 

ForN  =  2  Pn=  0 

ForN  =  3  P^=  -0.1061 

Values  on  the  spectral  plot  appear  larger  by  a  factor  of  2,  consistent  with  the 
increased  signal  amplitude.  Q^ote  that  absolute  values  are  plotted.) 
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Question  5:  Describe  tfie  overall  staa^  of  the  sp^tnim.  Does  the  spectrum 
conform  to  your  theoretical  expectations?  Note  any 
discrepancies. 

Answer  The  spectrum  consists  of  groups  of  frequencies  which  have  a  “sine”  shape 

to  tteir  envelope. 

Yes-no  discrepancies. 

Question  6:  Compare  Plot  5  with  Plot  2.  What  is  the  effect  of 
undersampling  on  the  spectrum? 

Answer  The  replicas  of  the  baseband  message  signal  fiequencies  produced  by 

sampling  overlap. 

Question  7:  What  is  the  effect  of  undersampling  on  signal  recovery? 

Answer  The  overlapping  of  the  baseband  message  signal  frequencies  prevents 

proper  recovery  of  the  message  signal  (this  effect  is  called  “aUasing”). 

Question  8:  Compare  Plot  8  with  Plot  2.  What  is  the  effect  of  changing  the 
duty  cycle  on  tiie  sampled  signal  baseband  bandwidth? 

Answer  As  the  pulse  width  decreases,  the  sampled  signal  baseband  bandwidth 

increases;  as  pulse  width  increases,  the  sampled  signal  baseband  bandwidth 
decreases.  Tt^  relationship  illustrates  the  n^e-off  between  transmission 
power  and  bandwidth  requirements. 

Narrower  pulses  translate  to  more  frequent  changes,  requiring  higher 
frequencies  to  capture  those  changes. 
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Amplitude  Amplitude  Amplitude  Amplitude 


Plot  1  -  message  signal,  naturally-sampled  signal 
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Plot  2  -  spectrum  of  naturally-sampled  signal 
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Plot  3  -  recovered  and  message  signals 
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%Prograinining  Lab  2A  example  for  instructor  use 
%Answers  will  vary! 

%%%%%%%%%%%%%%%%%%%%%%%%%%%% 
%Prograinming  Lab  2A  Natural  Sampling  and  Recovery 
%%%%%%%%%%%%%%%%%%%%%%%%%%%% 

%Pait  l~Generate  a  naturally-sampled  signal  and  its  spectrum 
%A.  Generate  a  signal 

clear 

clg 

delta_t=.0001: 

samprateslOOO; 

tsO:delta_t:  1 ;  %generaie  the  signal 

s=2*(cos(2*pi*150*t>KOs(2*pi*250*t)+cos(2*pi*450*t));  %signal 
%Plot  1 

subplot(21 1),  %plot  the  signal 
plot(t(l:500).s(l:500)) 

dtleCPlot  1  •  message  signal,  naturally-sampled  signal*) 

xlabelCTime*) 

ylabelC  Amplitude*) 

hold  on 

%B.  Naturally-sample  the  signal 

natsigl=natsamp<s,delta_t.samprate,.S);  %sample  the  signal 

plot(t(l:S00),natsigl(l:S00),*b')  %plot  the  naturally-sampled  signal 
hold  off 

%C.  Generate  the  plectrum 

[specnatl  ,Hz,£ftnatl]=spectial(natsigl  ,delta_t); 

%Plot  2 

sul^lot(212),  %idot  the  spectrum 
l4ot(Hz,q)ecnatl) 

title^lot  2  -  spectrum  of  naturally-sampled  signal*) 
xIabelCRrequency  in  Hz’) 
yld}elC  Amplitude*) 


Programming  Laboratory  2 A  Key— page  5 


295 


pause 

dg 

%%%%%%%%%%%%%%%%%%% 

%Part  2-ReGOver  the  message  signal 
%  A.  Filter  and  recover  the  sampled  signal 

tecsigls4ecovers(fflnatl,.S,'ideallow'dlz,5(X)): 

%Plot3 

8ubidot(21 1),  %plot  recovered  signal 

plot(Kl:500).[recsigl(l:500):s(l:500)]) 

title^ot  3  •  recovered  and  message  signals') 

xlabd(Tune') 

yhdielCAmplitude') 

clear  %&ee  memory 

%%%%%%%%%%%%%%%%%%%% 

%Part  3~Observe  the  effects  of  aliasing 
%  A.  Produce  an  undersampled  signal 

deltaji^.0001;  %testore  variables  for  t  and  s 
sampcates:i800: 

M):delta_t:l; 

%s=5*cos(2*pi*20(Pt>+8^cos(2*pi*300*t>+3*oos(2*pi*450*t); 
s=2*(cos(2*pi*150*t)+cos(2*pi’»250*t)+cos(2‘»iaM50*t));  %signal 

iMKig?j=nats«mp(s,rfftU5^t,s«mpfare,.S);  %undetsample  the  signal 
%Plot4 

sul^lot(212),  %plot  undersanqiled  signal  over  message  signal 

plot(t(l:500),ts(l:500)matsig2(l:500)]) 

title^lot4  -  message  and  undetsanqded  agnals*) 

xlabelfTmie') 

ylabelCAnqilitude') 

pause 

clg 

[8pecnat2,Hy,fftaai2]=q)ectial(natsig2^1ta-t); 

%PlotS 

8nlq>lot(211),  %plot  undersampled  plectrum 
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plot(Hz,^)ecnat2) 

title^oc  S  -  uiKlersampled  q)ectrum') 
xldidCRpequeitcy  in  Hz') 
ylabelCAmplitude') 

recsig2s4eoovcis(fItnat2,^;ideaUow‘J{A 

%Plot6 

subpk>t(212),  %plot  recovered  undersampled  signal 

plot(t(l:500),Irecsig2(l:500);s(l;500)]) 

titkCPlot  6  •  recovered  and  message  signals') 

xlabcKTime’) 

ylabelCAmplitude') 

pause 

dg 

dear 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%% 
%Pait  4~Observe  the  effect  on  the  spectrum  of  varying  the  duty  cycle 
%A.  Generate  the  sampled  signal 

de]ta.n=.0001; 

sanqitateBiOOO; 

M):delta_t:l;  %generate  die  signal 
8*=2*(cos(2*pi*150'*t>+cos(2*pi*250*t)+cos(2*pi*450n));  «s^ 

^2; 

natsig3=natsamp(s,deltiL.t,saflq»ate,d):  %samide  the  signal 
%Plot  7 

sobplot(21 1),  %plot  the  naturally'sampled  signal 

plot(t(l:500),uatsig3(l:500)) 

dtleCPlot  7  •  naturaUy-sanqiled  agnal  with  d  s  .2') 

xlabelCTlme') 

ylabelCAmplitude') 

Getmaie  the  qtectrum 

[iy)ecnm3Jiz>sq)ectral(natsig3,deltn_t); 

%Plot8 

8al^lot(212),  %pIot  the  spectrum 
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plot(Hz,^)eciua3) 

tiOeCPlot  8  -  spectrum  of  naturally-sampled  signal  with  d  =  .2') 

xlabel(l^uency  in  Hz') 

ylabelCAmplitude*) 


Programmng  Laboratory  2A  Key— page  8 


298 


EO  3513  Programming  Laboratory  2B  Key 
Flattop  Sampling  and  Recovery 


Answers  will  vary.  The  answers  below  are  based  on  the  following  signal: 
s=cos(2*pi*  100*t)+cos(2*pi*  150*t)+cos(2*pi*200*t); 

Question  1:  What  is  the  maxiniuni  amplitude  of  the  signal? 

Answer  3 

Question  2:  What  is  the  highest  frequency  in  the  signal?  What  is  the 
Nyquist  rate? 

Answer  highest  frequency  is  200  Hz 
Nyquist  rate  is  400  Hz 

Question  3:  Calculate  the  following  values  for  the  sampled  signal: 

sampling  period  T  (calculated  in  seconds) 
pulse  duration  t  (calculated  in  seconds) 

Describe  the  pulse  shape  of  the  sampled  signal. 

Answer  T  =  1/fs  =>  1/1000  =>  0.001  seconds 

X  =  d  *  T  =>  0.4  ♦  0.001  =>  0.0004  seconds 

The  top  of  each  pulse  is  flat,  reflecting  the  amplitude  of  the  message  signal 
at  the  pulse  beginning. 

Question  4:  Calculate  Pg  for  f  =  550,  f  =  700,  and  f  =  880. 

Compare  with  the  values  shown  on  the  spectral  plot. 

Answer  For  f- 800  0.3359 

For  f=  850  Pn=  0.3282 
For  f=  900  Pn=  0.3200 

Values  are  consistent  with  those  on  the  spectral  plots. 
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Question  S:  Describe  the  overall  shape  of  the  spectrum.  Does  the  spectrum 
conform  to  your  theoretical  expectations?  Note  any 
discrepancies. 

Answer.  The  flattop-sampled  signal  spectnim  shows  frequencies  widt  amplitudes  that 
individually  conform  to  the  “anc”  envelope. 

Yes~no  discrepancies. 

Question  6:  Compare  Plot  5  with  Plot  2.  What  is  the  effect  of 
undersampling  on  the  spectrum? 

Answer  The  replicas  of  Ae  baseband  message  signal  frequencies  produced  by 

sampling  overlap. 

Question  7:  What  is  tiie  effect  of  undersampling  on  signal  recovery? 

Answer  The  overlapping  of  die  baseband  message  signal  frequencies  prevents 

proper  recovery  of  the  message  signal  (this  effect  is  called  “aliasing”). 

Question  8:  Compare  Plot  8  witii  Plot  2.  What  is  the  effect  of  changing  tiie 
duty  cycle  on  the  sampled  rignal  baseband  bandwidth? 

Answer  As  the  pulse  width  decreases,  the  sampled  signal  baseband  bandwidth 

increases;  as  pulse  width  increases,  die  sampled  signal  baseband  bandwidth 
decreases.  Tl^  relationship  illustrates  the  tr^-off  between  transmission 
power  and  bandwidth  requirements. 

Narrower  pulses  translate  to  more  frequent  changes,  requiring  higher 
frequencies  to  capture  those  changes. 
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Amplitude  Anplitude  An:q)litude  An^litude 


Plot  1  -  message  signal,  flattop-sampled  signal 
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lab2B_ex.in 

ftProgramming  Lab  26  example  for  instrucKv  use 
%Answers  will  vary! 

%%%%%%%%%%%%%%%%%%%%%%%%%%%% 
%Prograinming  Lab  26  Flattop  Sampling  and  Recovery 
%%%%%%%%%%%%%%%%%%%%%%%%%%%% 
%Patt  1>-Generate  a  flattop-sampled  signal  and  its  plectrum 
%A.  Generate  a  signal 

clear 

clg 

delta_t!B.0001;  * 

samprateslOOO; 

taO:delta_t:l:  %gaierate  the  signal 

sacos(2*pi*  lOO*t)+cos0*pi*  1 50*t)+cos(2*pi*200*t); 

%Plot  I 

subplot(21 1),  %plot  the  signal 
plot(l(l:500),s(l:500)) 

dtleCHot  1  •  message  signal,  flattop-sampled  signal') 

xlabel(Time') 

ylabelCAmplitude*) 

hold  on 

%6.  Flattop-sample  the  signal 

flatsiglsflatt(^s4elta_t.samprate,.4);  %sample  the  signal 
%Plot  2 

%plot  the  flattop-sampled  signal  over 
plot(t(l:S00)/latsigl(l:S00),'b')  %the  message  signal 
hold  off 

%C.  Generate  the  ^tectrum 
[!^)ecflatljiz.fftflatl]sspectral(flatsigl4elia_t); 

%Plot3 

sabplot(212),  %idot  die  spectrum 
piot(Hz^specflatl) 

title^lot  2  -  qiectnim  of  flattop-sampled  signal*) 
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xlabdd^equeticy  in  Hz') 
ylabdCAmplitude') 

pause 

dg 

%%%%%%%%%%%%%%%%%%% 

%Paft  2-Recover  the  message  signal 
%  A.  Filter  and  recover  the  saiiq)led  signal 

iecsiglstecovers(fiftflatl,.4,'ideallow',Hz,2S0); 

%Plot3 

subplot(21 1),  %plot  recovered  signal 

plot(t(l:S00).[iecsigl(l:500):s(l:500)]) 

titleCPlot  3  -  recovered  and  message  signals') 

xlabelCTime') 

ylabelCAnq>litude') 

dear  %fiee  memory 

%%%%%%%%%%%%%%%%%%%% 
%Paft  3-Observe  the  effects  of  aliasing 
%  A.  Produce  mi  tmdersampled  signal 

delta^i;s.0001;  %rBstore  variables  fort  and  s 
sanq)iatea400; 


t»0:delUL.t:l; 

8»scos(2*pi*  100*t)+cos(2*pi*  150*t)+cos(2*pi'*200*t); 
flatsig2sflattop(s,ddta_t,sami»ate,.4);  %undersaiiq)le  the  signal 
%Plot4 

sabplot(212),  %plot  undersamtded  signal  and  message  signal 

pk)t(t(l:500).[flatsig2(l:500).s(l:500)]) 

tMeCHot  4 -undersampled  and  message  signals') 

xlabelCnme') 

ylabelCAnq)litode') 

pwnsft 

dg 

[^)ecflat2,Hz,fltflai21aspectral(flatsig2.ddtrL.t); 

%Pk>t5 
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nil)plot(21 1),  %pk)t  undersampled  ^>ectrum 
ldo«(Hz,q)ecflai2) 

tideCIHot  S  -  undcfsampled  plectrum') 
xlid)d(l^requeticy  in  Hz') 
y]abelCAiiq>]itude') 

recsig2a«ecovers(fftQat2,.4,'ideaUow'3z,250): 

%Plot6 

subpk)t(212),  %pkMfecovered  undersampled  signal 
plot(t(l:500),[iecsig2(l:500);s(l:500)]) 
dtleCPlot  6  •  recovered  and  message  signals') 
x]d)el(Tmie') 
ylabelC  Amplitude') 

pause 

dg 

dear 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%% 
%Pan  4~Observe  the  effect  on  the  q)ectrum  of  varying  the  du^  cyde 
%  A.  Generate  the  san^rled  signal 

delta_t^-0001; 

sanqxnl&slOOO; 

tBO:delta_t'l;  %generatB  the  signal 

s=oos(2*pi*  100*t>+cos(2'*pi*  150*t)+cos(2*pi*200*t);  %sigDal 


<h».7; 


flatsig33:flattop(s,ddta_t,samptate,d);  %sample  the  signal 
%Plot7 

sobplot(21 1),  %plot  the  flattop'sampled  signal 

plot(t(l:S00),natsig3(l:500)) 

titleCl^  7  -  flattop-sanq>led  signal  with  d  =  .T) 

xlabdCTime') 

ylabelCAiiq)Iitode') 

%B.  Genemte  the  spectrum 

[q)ecaat34{z>>q)ecttal(flatag3,ddta_t); 

%Plot8 
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subplot(212).  %plot  the  spectrum 
plot(HzJspecflat3) 

title^lot  8  -  spectrum  of  flattop-sampled  signal  with  d  =  .7') 
xlabelCFiequency  in  Hz') 
ylabelC  Amplitude*) 
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EO  3513  Programming  Laboratory  2C  Key 
Impulse  Sampling  and  Recovery 


Answers  will  vary.  The  answers  below  are  based  on  the  following  signal: 

s=5*(cos(2*pi*100*t)4cos(2*pi*350*t)+cos(2*pi*400*t)); 

Question  1:  What  is  the  maximum  amplitude  of  the  signal? 

Anwer;  15 

Question  2:  What  is  the  highest  frequency  in  the  signal?  What  is  the 
Nyquist  rate? 

Answer;  highest  frequency  is  400  Hz 

Nyquist  rate  is  800  Hz 

Question  3:  Calculate  the  duration  of  the  sampling  period  T  (in  seconds). 

Answer  T  =  1/fs  =>  1/2000  =>  0.0005  seconds 

Question  4:  Describe  the  overall  shape  of  the  spectrum.  Does  the  spectrum 
conform  to  your  theoretical  expectations?  Note  any 
discrepancies. 

Answer  The  amplitudes  of  the  spectral  components  of  an  impulse-sampled  spectnim 

should  in  theory  remain  constant  Since  those  shown  in  the  plot  decline 
gradually  (due  to  the  computer’s  inability  to  generate  a  perfect  impulse),  the 
spectrum  does  not  conform  to  theoretical  expectations. 

Question  5:  Compare  Plot  5  to  Plot  2.  What  is  the  effect  of  undersampling 
on  the  spectrum? 

Answer  The  replicas  of  the  baseband  message  signal  frequencies  produced  by 

samplmg  overlap. 

Question  6:  What  is  the  effect  of  undersampling  on  signal  recovery? 

Answer  The  overlapping  of  the  baseband  message  signal  frequencies  prevents 

proper  recovery  of  the  message  signal  (this  effect  is  called  “aUasing”). 
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Aitq>litude  Amplitude  Amplitude  Amplitude 
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Plot  6  -  recovered  and  message  signals 

recovered  signal 


lablC^ex.m 

^Programming  Lab  2C  example  fw  insmictor  use 
%Answas  will  vary! 

%%%%%%%%%%%%%%%%%%%%%%%%%%%% 
%Progtamming  LabC  Impulse  Sampling  and  Recovery 
%%%%%%%%%%%%%%%%%%%%%%%%%%%% 

%'Pan  l~Generate  an  impulse-samj^ed  signal  and  its  spectrum 
%A.  Generate  a  signal 

dear 

clg 

delta^N.0001; 

samprates:2000; 

dssamprate'^delta.t; 

t=0:delta_t:  1 ;  %generate  the  signal 
s=5*(cos(2*pi*100*t>m)s(2*pi*350*t)+cos(2*pi*400*t)); 

%Plot  1 

sut9lot(2 11),  %plot  the  signal 
plot(t(l:500).s(l:500)) 

titleCPlot  1  •  message  signal,  impulse-sampled  signal') 

xlabel(Time') 

ylabelC  Amplitude') 

hold  on 

%B.  Impulse-sample  the  signal 

impsigl=impsamp(s,delta_t,samprate);  %sample  the  signal 

%plot  the  impulse-sampled  signal  over 
plot(t(l:S00)4mpsigl(l:S00),'g')  %the  message  signal 
hold  off 

%C.  Generate  the  qtectrum 

[qtecimpl  3t,fftimpl]sq)ectral(impsigl  4dtajt); 

%Plot2 

subplot(212),  %plot  the  spectrum 
pk>t(HzJq)ecimpl) 

title(not  2  -  qtectrum  of  impulse-sampled  signal') 
xIabelCFrequency  in  ILt') 
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ylabelCAoqplitude') 


pause 

dg 

%%%%%%%%%%%%%%%%%%%%%%% 

%Part  2~Recover  tbe  impolse-samided  signal 
%A.  Rlter  and  recover  tbe  sanqtled  signal 

recsiglsreoovers(fiftimpl,d,'idea0ow'jlz,500); 

%Plot  3 

subplot(21 1),  %plot  recovered  signal 

ploKt(l:S00).[recsigia:S00):s(l:S00)]) 

title^ot  3  •  recovered  and  message  signals') 

xlabelCTime') 

ylabelCAmpbtude') 

dear  %fieeman(wy 

%Part  3-Observe  tbe  effects  of  aliasing 
%  A.  Produce  an  undersamded  signal 

ddt2L.t^.0(K)l:  %restote  variables  fort  and  s 
sanq)taie=750; 

6=sanqxatB*delta_t; 

t;^:delta_t:l: 

s=5*(cosa*pi*100n>KOS(2*pi*350*t)+cos(2*pi*4()0n)); 
iinpsig2=impsamp(s.ddtau.t>sanq)rate);  %undersanq)le  tbe  signal 
%Plot4 

8Dbplot(212),  %plotundersattq)led  signal 

plot(t(l:500),[impsig2(l:S00);s(l:S00)]) 

titleCnot4  -  undersanqtled  and  message  signals') 

xlabdCTime') 

ylabelCAiiq>litude') 

pause 

dg 

[q)edinp24fz,filiiiq>2]sq)ectralCiiiq)sig2,ddtiLt); 

%PlotS 
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siibiriot(21 1),  %pk>t  i]iidersaaq>led  ^)ectn]m 
piot(Hz,q;iedmp2) 

title(T^  S  •  uiKtersanqded  spectnim') 
xlabdO^reqiieQcy  in  Hz') 
yld)elCAnq>]itude') 


iecsis2niecovers(filiii4>2,d,'ideaUow’4^^ 

«Plot6 

subplot(212),  %plot  recovered  iindersaiiq>)ed  signal 

pk)t(t(l:500).[recsig2(l:5(X));s(l;500)]) 

titkCnot  6  •  recovered  and  message  signals') 

xld)el(Time') 

ylabelCAmplitude') 
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EO  3513  Programming  Laboratory  3 A  Key 
Pulse  Modulation  (PAM  and  PWM) 


Answers  will  vary.  The  answers  below  are  based  on  the  following  signal: 
s=2*(cos(2*pi*120*t)+sin(2*pi*30*t)); 

Question  1:  What  is  the  maximum  amplitude  of  the  message  signal? 


Answer  4 

Question  2:  Calculate  the  following  values,  in  seconds,  for  the  PAM 
signal: 

sampling  period  T 
pulse  duration  t 

Answer  T  =  1/fs  =>  1/500  =>  0.002  seconds 

X  =  d  *  T  =>  0.5  ♦  .002  =  0.001  seconds 

Question  3:  What  is  the  maximum  pulse  duration  that  could  occur  in  your 
PWM  signal? 

Answer  Maximum  pulse  duration  s  0.9  *  T  ^  0.9  *  0.002  =>  0.0018  seconds 

Question  4:  Using  the  above  approximations,  calculate  flie  baseband 

bandwidths  for  the  PAM  and  PWM  signals.  Do  these  values 
reflect  what  you  observe  in  the  spectral  plots?  Note  any 
discrepancies. 

Answer  PAM  bandwidth  =  0.5/c  =>  0.5/0.001  =>  500  Hz 

PWM  bandwidth  =  0.5/iisetime  =>  0.5/0.0001  s  5000  Hz 


The  calculated  baseband  bandwidth  of  the  PAM  signal,  500  Hz,  is  adequate 
to  capture  die  signal  information.  The  PAM  pulses  occur  at  fix^  known 
intervals,  and  are  of  a  fixed,  known  duration.  The  500  Hz  approximation  is 
based  solely  on  x,the  value  of  that  duration. 


The  PWM  signal  requires  a  much  hi^r  baseband  bandwiddi  because  less 
information  is  known  about  Us  pulses.  The  higher  frequencies  are  needed  to 
convey  die  infcxmation  regarding  die  exact  widdis  of  di»  pulses.  The 
qiproximation  of 5000  Hz  rqipeais  to  ciqituie  most  of  die  information 
r^uired  for  the  PWM  signal 
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lab3A_ex.in 

%Prograininiiig  Lab  3A  example  for  instniclor  use 
%Answer$  will  vary! 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%% 
%I^ogramining  Lab  3  A  Pulse  Amplitude  and  Pulse  Width  Modulation 
%%%%%%%%%%%%%%%%«%%%%%%%%%%%%%%%%%% 
%Paft  1-Observe  the  differences  in  the  time  domain 
%for  two  types  of  pulse-modulated  ^gnals  (PAM  and  PWM) 

%A.  Generate  a  signal 

clg 

clear 


delta_ts.0001; 

t=0;deltaji;l; 

s=2*(cos(2*pi*  120*t)+sin(2*pi*30*t)); 
samprateaSOO; 

%B.  Generate  the  PAM  and  PWM  signals 
flatsig=flattop(s.delta_t,samprate,.S); 
«Plot  1 


subplot(211). 

piot(t(l:200).[flatsig(l:200);s(l:200)]) 
title(Plot  1  -  message  signal,  PAM  signal*) 
xlabelCTtme*) 
ylabelC  Amplitude*) 


pwsigapulswid(s4elta_t,samprate,.9);  %pulse-width  modulate 

%the  signal 


%Plot2 


sul^lot(212), 

pk)t(t(l:200).[pwsig(l:200);s(l:200)]) 
title^kn  2  -  message  signal.  PWM  signal*) 
xlabdCTune*) 
ylabelCAmplitude*) 


pause 

clg 

%%%%%%%%%%%%%%%%%%%%%%% 

%Part  2-Ob8erve  the  differences  in  the  qiectta 

%£or  two  types  of  pulse-modulated  signals  (PAM  3ni  PWM) 
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%A.  Generate  the  qwctrum  of  the  PAM  signal 

[specpam  Jiz]«:spectraKflntsig^ta_t);  %ga>erate  the  PAM  q)ectrum 

%Plot3 

subplot(211), 

[dot(Hzispeqpain) 

tiUeCPkn  3  -  spectrum  of  PAM  signal*) 
xlabelCFiequency  in  ^t*) 
ylabelCAmplitude*) 

%B.  Generate  the  q)ectnim  of  the  PWM  signal 

specpwm3spectial(pwsig.delta_t);  %generate  the  PWM  speciiiim 

%Plot  4 

subplot(212), 

plot(Hz;specpwm) 

title^ot  4  -  spectrum  of  PWM  signal*) 
xlabelCFiequency  in  Hz*) 
ylabelCAmplitucte*) 


Programming  Laboratory  3 A  Key— page  4 


316 


EO  3513  Programming  Laboratory  3B  Key 
Pulse  Modulation  (PAM  and  PPM) 


Answers  will  vary.  The  answers  below  are  based  on  the  following  signal: 

sa5*(cos(2*i»i*  100*t)+cos(2*pi*40*t)); 

Question  1:  What  is  the  maximum  amplitude  of  the  message  signal? 

Answen  10 

Question  2:  Caiculate  the  foliowing  vaiues,  in  seconds,  for  the  PAM 
signal: 

sampling  period  T 
pulse  duration  x 

Answen  T  =  1/fs  =>  1/500  =>  0.002  seconds 

X  =  d  *  T  =>  0.5  ♦  .002  =  0.001  seconds 

Question  3:  What  is  the  largest  pulse  offset  that  could  occur  in  your  PPM 
signal? 

Answen  Largest  pulse  offset  =  0.9  *  T  =>  0.9  *  0.002  =»  0.0018  seconds 

Question  4:  Using  the  above  approximations,  calcuiate  tiie  baseband 

bandwidths  for  the  PAM  and  PPM  signals.  Do  these  values 
reflect  what  you  observe  in  the  spectral  plots?  Note  any 
discrepancies. 

Answen  PAM  bandwidth  s  0.5/c  =>  0.5/0.001  500  Hz 

PPM  bandwidth  =  0.5/risetime  =>  0.5/0.0001  =  5000  Hz 

The  calculated  baseband  bandwiddi  of  die  PAM  signal.  500  Hz,  is  adequate 
to  capture  the  signal  infonnation.  The  PAM  pulses  occur  at  fixed,  known 
intervals,  and  are  of  a  fixed,  known  duration.  The  500  Hz  approximation  is 
based  sotely  on  x,the  value  of  that  duration. 

The  n’M  signal  requires  amuch  higher  baseband  bandwiddi  because  less 
information  is  known  about  its  pul^.  The  higher  frequencies  are  needed  to 
convey  the  infonnation  regardi^  die  exact  location  of  the  pulses.  The 
qiproxiination  of 5000  Hz  s^ipears  to  capture  aU  most  of  die  information 
r^uired  for  die  PPM  signal 
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Plot  1  -  messaee  sienal,  PAM  signal 
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Plot  3  -  soecm- 1  of  PAM  sienal 
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Plot  4  -  spectrum  of  PPM  sienal 
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lab3B_ex.in 

%PR^nunining  Lab  3B  example  for  instructed  use 
%Answers  will  vary! 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%% 
%Programining  Lab  3B  Pulse  Amplitude  and  Pulse  Pusition  Modulation 
%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%% 
%Pan  l~Observe  the  differences  in  the  time  domain 
%for  two  types  of  pulse-modulated  signals  (PAM  and  PPM) 

%A.  Generate  a  signal 

clg 

clear 

delta_t=.(X)01; 

u=0:delta_t:l; 

s=5*(cos(2*pi*100*l)+cos(2*piM0*t)); 

sampratesSOO; 

%B.  Generate  the  PAM  and  PPM  signals 
fIatsig=flanop(s,delta_t,samprate,.S); 

%Plot  1 


subplot(211), 

plot(t(l:200),(flaisig(l:200);s(l:200)]) 
title(Plot  1  •  message  signal.  PAM  signal*) 
xlabel(Time') 
ylabelC  Amplitude*) 


ppsigspulspos(s,delta_t.sampiate,.l);  %pulse-position  modulate 

%the  signal 


%Plot  2 


sal:^lot(212), 

plol(t(l:200),[ppsig(l:200);s(l:2(X))]) 

title^lot  2  -  message  signal.  PPM  signal*) 

xlabelCnme*) 

ylabelCAmplitude*) 

grid 


pause 

clg 

%%%%%%%%%%%%%%%%%%%%%%% 
%Part  2~Observe  the  differences  in  the  spectra 
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%for  two  types  of  pulse-modulated  signals  (PAM  and  PPM) 

%A.  Generate  the  spectrum  of  the  PAM  signal 

[qpecpam^]aspectral(flatsig.delta_t):  %generate  the  PAM  spectrum 

%Plot3 

subplot(211), 

plot(Hz,^)ecpam) 

titleCPhH  3  •  qwctrum  of  PAM  signal*) 
xlabelCBequency  in  Hz') 
ylabelC  Amplitude*) 

%B.  Generate  the  qwcttum  of  the  PPM  signal 

^ppmsspectral(ppsig,delta_t):  ^generate  the  PPM  spectrum 

%Plot4 

subplot(212). 

plot(Hz.specppm) 

title(Plot  4  -  spectrum  of  PPM  signal') 
xlabelCFrequency  in  Hz') 
ylabelCAmplitude*) 
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E0  3513  Programming  Laboratory  4A  Key 
Analog-to-Digital  Conversion  (Quantization) 


Answers  will  vary.  The  answers  below  are  based  on  the  following  signal: 
s=4*cos(2*pi*20*t)+5*cos(2*pi*45*t); 


Question  1:  Calculate  the  following  values  relating  to  the  quantization 
characteristic  for  the  3-bit  bipolar  converter: 

dynamic  range 
actual  step  size 
actual  resolution 
percentage  resolution 
number  of  levels 

Answer:  dynamic  range  =  6  *  number  of  bits  =>  6  *  3  =>  18  dB 

actual  step  size  =  2 ^  x  full-scale  V  =>  ±  2  ^  x  10  =>  2.5  V 

actual  resolution  =  +  2 x  full-scale  V  =>  ±  2  x  10  =>  1.25  V 
percentage  resolution  =  ±  2 x  100%  =>  ±  2  x  100%  =>  12.5% 
number  of  levels  =  3  bits  =>  2^  =>  8  levels 

Question  2:  Calculate  the  following  values  relating  to  the  quantization 
characteristic  for  the  5-bit  unipolar  converter: 

dynamic  range 
actual  step  size 
actual  resolution 
percentage  resolution 
number  of  levels 


Answer:  dynamic  range  =  6  *  number  of  bits  =>  6  *  3  =>  18  dB 

actual  step  size  =  2 ^  x  full-scale  V  =>  ±  2  ^  x  10  =>  0.3125  V 

actual  resolution  =  ±  2  x  full-scale  V  =>  ±  2  x  10  =>  0. 156  V 

percentage  resolution  =  ±  2  x  100%  =>  ±  2  x  100%  =>  1.56% 

number  of  levels  =  3  bits  =>  2^  =>  32  levels 
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Question  3: 
Answer: 

Question  4: 
Answer; 

Question  5: 

Answer 


List  the  amplitude  (“voltage”)  of  tiie  3-bit  bipolar  quantized 
signal  in  each  of  the  first  5  sampling  periods. 

7.5  V 

7.5  V 

7.5  V 
5.0  V 
5.0  V 

List  the  amplitude  (^^oltage”)  of  the  S-bit  bipolar  quantized 
signal  in  each  of  the  first  5  sampling  periods. 

8.75  V 

8.75  V 
7  5V 
5^6250  V 

3.75  V 

List  the  values  of  the  signal  to  noise  ratios  for  the  3-bit  bipolar 
nnd  5.bii  blipolar  quantteed  signals.  Which  converter  produced 
less  quantization  noise? 

3-bit  converter  snr  1 2.3872  dB 
5-bit  converter  snr  =  15.8277  dB 

The  5-bit  converter  produced  less  noise,  as  evidenced  by  ite  higher  signal  to 
noise  ratio,  or  by  its  closer  representation  to  the  message  signal. 
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Voltage  in 


Voltage  in 
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Anq)litude  Amplitude  Amplitude  Amplitude 


HI 

a 

|||M 

0  0.01  0.02  0.03  0.04  0.05  0.06  0.07  0.08  0.09  0. 

Tune 

Plot  4  -  sampled  and  5-bit  bipolar  quantized  signals 

|99 

■ 

B|| 

0  0.01  0.02  0.03  0.04  0.05  0.06  0.07  0.08  0.09  0. 

Time 

Plot  5  -  message  signal  and  3-bit  bipolar  quantized  signal 

0  0.01  0.02  0.03  0.04  0.05  0.06  0.07  0.08  0.09  0. 

Time 

Plot  6  -  message  signal  and  5-bit  bipolar  quantized  signal 

\xxy 

■ —  « 

0  0.01  0.02  0.03  0.04  0.05  0.06  0.07  0.08  0.09  0.1 

Time 
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lab4A_ex.in 

%Lab  4A  example  script  for  instructor  use 
%Answers  will  vary! 

%%%%%%%%%%%%%%%%%%%%%%%%%%% 

%Programining  Lab  4A  Analog-to-Digital  Conversion 
%  (Quantization) 

%%%%%%%%%%%%%%%%%%%%%%%%%%% 

%Pait  1--Evaluate  two  analog-to-digital  converters 
%  A.  Evaluate  a  Inpolar  converter 

clear 

clg 

[quanch.xl  .quanch_y  l]squantize(2.3);  %genetat£  the  3-bit  converter 
%Plot  1 

stairs(quanch_xl  ,quanch_y  1) 
grid 

utle('Plot  1  •  quantization  characteristic  for  an  3-bit  bipolar  converter*) 
xlabelCVoltage  in') 
ylabeK'Voltage  out*) 

pause 

clg 

%B.  Evaluate  a  unipolar  converter 

[quanch_x2,quanch_y2]=quantuni(24i);  %generate  the  S-bit  converter 
%Plot  2 

stairs(quanch_x2,quanch_y2) 

grid 

titleCPlot  2  -  quantization  characteristic  for  S-bit  unipolar  converter*) 
xlabelCVoltage  in') 
ylabelCVoltage  out*) 

pause 

clg 

%%%%<^^%%%%%%%%%%%%%%%% 

%Part  2-Observe  the  quantization  process 
%A.  Generate  and  sample  a  signal 

delta_t!s.0001;  %set  signal  and  sampling  variables 
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ds.S; 

sampraiesSOO; 


s«^*cos(2*pi*2(y*i)+5*cos(2*pi*45*i);  %signal  fttquoicies  must  be  less  than 

%half  the  sampling  rate! 
flatsigBflaitop(s.delULt.sampiate,d); 

%B.  Quantize  the  signal  using  an  3-bit  bipolar  converter 

[qxl  ,qy  1  ,quan jsigl  ,bin_numsl]3quantize(2341atsig.samprate,delta_t); 

%Plot  3 

subplot(2 11),  %plot  the  sampled  and  quantized  signals 
ploKt.[flatsig;quan_sigl]) 

titleCPlot  3  -  sampled  and  3-bit  bipolar  quantized  signals') 

xlabeKTime*) 

ylabelCAmplitude') 

%C.  Quantize  the  signal  using  a  S-bit  bipolar  converter 

[qx2,qy2,quan_sig2,bin_nums2]*quantize(24/latsig,samprate,delta_t); 

%Plot  4 

3ubplot(212), 

plot(t,[flatsig;quan_sig2]) 

titleCPlot  4  •  sampled  and  5-bit  bipolar  quantized  signals') 

xlabelCTime') 

ylabelCAmplitude') 

pause 

clg 

qyl 

bin_numsl(l:S) 

qy2 

lHn_nun)s2(l:S) 

%%%%%%%%%%%%%%%%%%%% 

%Part  3~Measure  the  quantization  nc^ 

%A.  Bnd  the  signal  to  noise  ratios 

%PlotS 

sabplot(211). 


Programming  Laboratory  4A  Key— page  6 


326 


pk>t(U[s;quan_sigll) 

titleCPlot  S  •  message  signal  and  3-bit  bipolar  quantized  signal') 

xlabeicnme*) 

ylabelC  Amplitude') 

%Plot  6 

subplot(212). 

plot(t,[s;quan_sig21) 

title^lot  6  -  message  signal  and  5-bit  bipolar  quantized  signal') 

xlabelCTimc') 

ylabelCAmplitude*) 

%B.  Compare  quantization  noise  for  the  two  systems 

snr_3bit?:snr(s4uan_sigl) 

snr_Sbit?:snr(s^uan_sig2) 
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EO  3513  Programming  Laboratory  4B  Key 
Pulse  Code  Modulation  (PCM) 

Answers  will  vary.  The  answers  below  are  based  on  the  following  signal: 

s=7*cos(2*pi*10*t)+3*cos(2*pi*35*t); 

Question  1:  In  your  own  words,  describe  the  NRZL  unipolar  encoding 
scheme. 

Answer  Marks  are  indicated  by  positive  voltage;  spaces  aie  indicated  by  zero 

voltage. 

Question  2:  Predict  an  adequate  baseband  signal  bandwidth  for  the  NRZL 
unipolar  coded  signal  based  on  its  spectral  plot. 

An  Prediction;  B  =  approximately  1000  Hz 

Question  3:  In  your  own  words,  describe  the  RZL  unipolar  encoding 
scheme. 

Answer;  Maiics  are  indicated  by  positive  voltage;  spaces  are  indicated  by  zero 

voltage.  Voltage  always  drops  to  zero  for  the  last  half  of  the  bit  duration. 

Question  4:  Predict  an  adequate  baseband  signal  bandwidth  for  the  RZL 
unipolar  coded  signal  based  on  its  spectral  plot. 

Answer;  Prediction;  B  =  approximately  2000  Hz 

Question  5:  In  your  own  words,  describe  the  manchester  encoding  scheme. 

Answer  Changes  are  indicated  by  a  transition  in  the  middle  of  the  bit.  Marks  always 

change  from  high  to  low  voltage;  spaces  change  from  low  to  high  voltage. 

Question  6:  Predict  an  adequate  baseband  signal  bandwidth  for  the  NRZL 
unipolar  coded  signal  based  on  its  spectral  plot. 

Answer;  Prediction;  B  =  approximately  2500  Hz 
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Question  7: 
Answer. 

Question  8: 

Answer. 


Record  die  vaiues  of  **codedsig.**  Is  this  bit  pattern  reflected 
on  Piots  2,  4,  and  6? 


1  1  1 
1  0  1 
1  0  0 
1  0  0 
0  0  0 


1  1  1 
1  0  0 
1  0  0 
0  1  0 
1  1  0 


1  1  1 
1  0  0 
1  0  0 
0  1  0 
0  0  0 


0  1  0 
1  0  0 
1  1  1 
1  0  0 
0  1  0 


Plots  reflect  the  bit  pattern  above. 


Calcuiate  the  approximate  baseband  bandwiddi  for  the  PCM 
signals: 


NRZL  unipolar  coded  signal 
RZL  and  mandiester  coded  signals 

How  do  these  values  compare  with  your  predictions? 

For  NRZL  signal:  B  =  0.5/x  s>  1/0.0083  seconds  =>  600  Hz 


For  RZL  and  manchester  signals:  B  =  0.5/t  =>  1/0.00042  seconds  => 
1200  Hz 


The  predicted  NR^  signal  bandwiddi  of  1000  Hz  is  within  400  Hz  of  the 
calculation. 

The  predicted  RZL  signal  bandwidth  of  2000  Hz  is  within  800  Hz  of  the 
calculation. 

The  predicted  manchester  signal  bandwidth  of  2500  Hz  is  more  than  twice 
the  calculation. 

Predictions  are  conservative  in  all  cases. 
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0.01  0.02  0.03  0.04  0.05  0.06  0.07  0.08  0.09  0.1 

Tune 

NO  PLOT  HERE- JUST  PRESS  RETURN 


Plot  2  -  NRZL  unipolar  coded  signal  and  quantized  signal 


T 


0.005  0.01  0.015  0.02  0.025  0.03  0.035  0.04  0.045  0.05 

Tune 

_ _ Plot  3  -  NR2L  unipolar  coded  signal  spectrum 


■  I  I _ ■■  — . . . ■  _ . _ I _ , _ I 

500  1000  1500  2000  2500  3000  3500  4000  4500  5000 


Frequency  in  Hz 
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lab4B_ex.in 

%L^  4B  example  script  for  instructor  use 
%Answers  will  vary! 

%%%%%%%%%%%%%%%%%%%%% 

%Prograinmiiig  Lab  4B  Digital  Encoding 
%%%%%%%%%%%%%%%%%%%%% 

%Part  l"Generate  a  bitstream  to  encode 
%A.  Goierate  a  message  signal 

clear 

clg 

delta_t=.0001;  %set  signal  and  sampling  variables 
samprate=200; 

l=0:delta_t:l; 

s=7*cos(2*pi*  10*t>f3*cos(2*pi*35*t); 

%Plot  1 

subplot(211), 

plot(t(l:1000).s(l:1000)) 

titleCPlot  1  •  message  signal  and  quantized  signal') 

xlabelfTime') 

ylabelCAmplitude*) 

hddon 

%B.  Quantize  the  message  signal 
elementss6; 

[qx^,quan_sig,bin_nums]squantize(2,elements,s,sampraie,deita_i); 

plot(t4uan_sig,'b') 
hold  off 

subplot(2l2), 

titieCNO  PLOT  HERE-JUST  PRESS  RETURhO 

pause 

clg 

clear  s;clear  qx;clear  qy; 

%C  Generate  a  bitstream 
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co(i6dsigBencode(bin_nums^,eleiiienis);  %binary-encode  the  signal 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%% 
%Pait  2~Encode  the  bitstream  using  pulse  code  modulation  (PCM) 
%A.  Generate  a  non-retum-to-zeto  level  O^IRZL)  unipolar 
%  coded  signal  and  spectrum 

InaatBssamprate^elements; 

nrzlunisigsnizluni(codedsig.delta_t,bitrate); 

nrzlunisigs8*nizlunisig; 

%Plot  2 

subplot(211), 

plot(t(l:5(X)).[quan_sig(l:500);nrzlunisig(l:500)]) 

title(Tlot  2  -  NRZL  unqmlar  coded  signal  and  quantized  signal') 

xlabeKTime*) 

ylabelCAmplitude') 

[specinanjlz]=spectral(nrzlunisig.delta_t); 

%Plot  3 

subplot(212), 

plot(Hz,specnian) 

titleCPlot  3  >  NRZL  unipolar  coded  signal  spectrum*) 

xlabelCFiequency  in  Hz') 

ylabelCAmplitude') 

pause 

clg 

clear  ^pecman 
clear  i^unisig 

%C.  Generating  a  retum-to-zeto  level  (RZL)  unipolar  coded  signal 

izunisigsizuni(codedsig,delta_t^ittate); 

izunisigs8*rzunisig; 

%Plol  4 

sul^Iot(211), 

ploi(t(l:500),[quan_sig(l:500)32unisjg(l:500)]) 

title^ot  4  '  RZL  unipolar  coded  signal  and  quantized  signal') 

xlabdCnme*) 

ylabelCAmplitude*) 
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q)ecinffiisq)ectral(rzunisig4elta_t); 

%Plot  5 

subplot(212), 

plot(Hz.specniaii) 

title(Plot  5  •  RZL  unipolar  coded  qiectrum') 
xlabelCFicquency  in  Hz') 
ylabelCAmplitude') 

pause 

clg 

clear  specman 
clear  rzunisig 

%D.  Generating  a  nuuichescer  coded  signal 

manchsigsmanchest(codedsig.delta_t.bitrate); 

manchsigs8*manchsig: 

%Plot  6 

subplot(211). 

plot(t( 1 :500),[quan_sig( 1 :500);manchsig( 1 :500)p 
titleCPlot  6  •  manciiester  coded  signal  and  quantized  signal*) 
xlabelCTimt') 
ylabelCAmplitude*) 

specman=spectral(inanchsig,delta_t); 

%Plol  7 

subplot(212), 

plot(Hz,specman) 

dtle^lot  7  -  manchester  coded  spectrum*) 
xlabelCFtequency  in  Hz') 
ylabelCAmplitude*) 

codedsig(l:60) 
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EO  3513  Programming  Laboratory  4C  Key 

Companding 


Answers  will  vary  according  to  student’s  choices  for  values  of  sampling  rate  and  mu. 

Question  1:  What  is  the  effect  on  the  compressed  signal  of  increasing  the 
value  of  mu? 

Answer:  Increasing  the  value  of  mu  increases  the  compression  function,  raising  the 

lower  signal  values  more,  which  minimizes  the  extreme  differences  in  the 
signal. 

Question  2:  Obtain  the  value  of  the  signal  to  noise  ratio  (no  companding). 

Record  this  value.  By  exceeding  this  benchmark  value,  you 
will  be  decreasing  quantization  noise. 

Answer:  snr_quant  =  8.0639  dB 

Question  3:  Obtain  the  value  of  the  signal  to  noise  ratio  using  companding. 
Record  this  value. 

Answer:  snr_cmpnd  =  9.18  dB 

Question  4:  Provide  the  following  characteristics  of  your  system: 

sampling  rate 
value  of  mu 

Answer:  sampling  rate  =  1400  Hz 

mu  =  255 

Note:  In  general,  lower  sampling  rates  require  lower  values  of  mu  in  order 
to  reduce  quantization  noise  through  companding  the  message  signal.  For 
example,  with  a  sampling  rate  of  500  Hz,  mu  must  be  equal  to  or  less  than 
50.  With  a  value  of  mu  =  255,  the  sampling  rate  must  be  at  least  780  Hz. 
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mpressed,  expanded  signals  with  mu  =  255 


0  0.005  0.01  0.015  0.02  0.025  0.03  0.035  0.04  0.045  0.05 


Plot  2  -  message,  compressed,  expanded  signals  with  mu  =  5 


0.005  0.01  0.015  0.02  0.025  0.03  0.035  0.04  0.045  0.05 

Time 

Plot  3  -  sampled  signal  and  quantized  signal 


0  0.005  0.01  0.015  0.02  0.025  0.03  0.035  0.04  0.045  0.05 

Time 


Plot  4  -  quantized  signal  and  message  signal 


0  0.005  0.01  0.015  0.02  0.025  0.03  0.035  0.04  0.045  0.05 

Time 
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lab4C_ex.in 

%Lab  4C  example  script  for  instructor  use 
%Answers  wUl  vary! 

%%%%%%%%%%%%%%%%%%% 

%Ptograinm  ing  Lab  4C~Companding 
%%%%%%%%%%%%%%%%%%% 

%Pait  l-Observe  the  effects  of  companding  on  the  quantization 

%  process 

%A.  Generate  the  signal 

clear 

clg 


delta_t?.0001; 

t=0:delta_t:0.0S;  %no  spectral  analysis,  so  don't  need  a  long 
%vecu»‘ 

s=2+2.1*cos(2*pi*50*t)+ 1 .7*cos(4*pi*50*t)+ 1 .5*cos(6*pi*50*t)... 
+1.3'‘cos(8*pi*50*t); 

%B.  Compare  compression  characteristics  for  high  and  low  values  of  mu 

muhighs2S5;  %highest  value  of  mu 
mulow=5;  %lowest  value  of  mu 

sighigh=compress(s4nuhigh,max(s));  %compiess  with  mus2SS 
exhigh=expand(sighigh,muhigh,max(sighigh));  %expand  with  mus255 

%Plot  1 

subplot(211), 

plot(t,[s;sighigh]} 

title(Plot  1  -  message,  compressed,  expanded  signals  with  mu  =  2SS') 

xlabel(Time') 

ylabelC  Amplitude') 

hold  cm 

pause(3) 

plot(t,exhigh,'b') 
hold  off 

sigiowscomptess(s,mulow,max(s));  %compress  widi  mu=S 
exlow=expand(siglowjnulow,max(siglow));  %expand  with  mu=S 

%Plot  2 

subpiot(212). 
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plot(t.[s:siglow]) 

title(not  2  -  message,  compressed,  expanded  signals  with  mu  =  S') 

xlabdCTune') 

ylabelCAmjditude') 

hold  on 

pause(3) 

plot(t,exlow,'b') 

hold  off 

pause 

clg 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%% 
%Pan  2-Reduce  quantization  noise  by  companding  the  message  signal 
%A.  Sample  and  quantize  the  message  signal 

samprates 1400;  %set  signal  and  sampling  variables 

d=.5; 

mus2SS; 

flatsig=flattop(s,delta_t,samprate,d): 

[qx,qy,quansig]=quantuni(2^jflatsig,samprate,delta_t); 

%Plot  3 

subplot(211), 

plo^t,[fIatsig;quansig]) 

dtle^lot  3  •  samfded  signal  and  quantized  signal*) 

xIabelCTime') 

ylabelC  Amplitude') 

%Plot  4 

subplot(212), 

pto^t,[quansig;s]) 

litleCPlot  4  -  quantized  signal  and  message  signal*) 

xlabdCHine') 

ylabelC  Amplitude*) 

pause 

clg 

%B.  Establish  a  benchmaik  for  signal  to  noise  ratio 
snr_quantssnr<s,quansig)  %find  the  quantizatkm  noise 
%C.  Compress,  sample,  and  quantize  the  message  signal 
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ooinpsigacoinpress(sjnu4nax(s));  %com|vess  signal 

%Plot  S 

sulq)lot(211). 

ploKt.[s;compsig]) 

titleCPlot  5  •  message  signal,  compressed  signal  with  mu  s  255") 

xlabelCTune') 

ylabelC  Amplitude*) 

flatcompsf]attop(compsig,deltiL.t,samprate4):  %samide  the  compressed  signal 
[Q^^>Quancomp]ssquantuni(2,24atcomp,samprate,delta_t): 

%Plot  6 

subploK212), 

plot(t,[flatcomp:quancomp]) 

title^lot  6  •  samjded  and  quantized  compressed  signals  with  mu  =  255*) 

xlabelCTime*) 

ylabelC  Amplitude*) 

pause 

clg 

%D.  E;q>and  the  quantized  compressed  signal 

cmpndsig=expand(quanooiiq),mu,max(quaiicomp)); 

%Plot  7 

subplot(211). 

plot(t,[s;cmpndsig}) 

titleCnot  7  •  message  signal  and  conqtanded  signal*) 

xlabelCTime*) 

ylabelCAmpUtude*) 

%E.  Find  the  signal  to  noise  ratio  for  the  companded  signal 

snr_cmpndssnr(s,cmpndsig) 

subplot(212), 

tiUeCNOMXJTHERE*) 
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EO  3513  Programming  Laboratory  5  Key 
Amplitude  Modulation  Double  Sideband  (AM  DSB) 


Answers  will  vary.  The  answers  below  are  based  on  the  following  signals: 
sgl=5*cos(2*pi*200*t); 

mlt=5*cos(2*pi*400*t)+3*cos(2*pi*100*t)+2*cos(2*pi*350*t); 

Question  1:  Calculate  the  following  values  for  the  single-tone  message 
signal: 

peak  power 
average  power 
baseband  bandwidth 


Answer 


peak  power  = 


=>52/ 2  =>12.5 


•’  =  V+^i(AN'+BN’) 

average  power  =  n=i  =>  5^  /  2  =>  1 2.5 


baseband  bandwidth  =  200  Hz 

Question  2:  Predict  the  following  values  for  the  single-tone  AM  DSB 
signal: 

peak  power 
average  power 
transmission  bandwidth 


Answer:  peak  power  =  2  =>  52  /  2  =>  12.5 


P 

average  power  = 


4  =>52/ 4  =>6.25 


transmission  bandwidth  =  400  Hz 
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Qocstioii  3: 

Answer 

Question  4: 
Answer 


Record  die  values  representing  peak  and  average  power  for  the 
signal-tone  signal. 

Do  your  calculations  for  bandwiddi  and  power  in  Question  3 
agree  with  tte  computer-generated  values? 

dsb_pk_pwr_sngl  =  12.5 
dsb  avg  pwr  sngl  =  6.2506 

Yes— calculations  agree. 

Why  is  Cfdierent  detection  (detection  using  the  carrier) 
necessary  for  an  AM  DSB  signal? 

Envelc^  detection  of  the  AM  DSB  signal  would  not  detect  phase  shifts, 
whidi  indicate  that  the  message  signal  has  changed  fnan  positive  to 
negative  values,  or  from  negative  to  positive  values. 
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Amplitude  Amplitude  Amplitude  Anq>litude 


Plot  1  -  single-tone  message  sii 


Plot  3  -  single- tone  message  signal  st^ctrum 
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_  Plot  10  -  multi-tone  DSB  signal  spectrum  _ __ 
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Plot  12  -  demodulated  multi-tone  DSB  spectrum  pnor  to  filtering 


Plot  1 1  -  demodulated  single-tc»ie  DSB  spectrum  pnor  to  filtenng 
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Anq)litude 


10 


lified  recovered  DSB  signal 


Time 
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labS^ex.m 

%Prograinining  Lab  S  example  fcv  instructor  use 
%Answers  will  vary! 

%%%%%%%%%%%%%%%%%%%%%%%%%%%% 
%Pro0ranuning  Lab  S  Amplitude  Modulation  AM  DSB 
%%%%%%%%%%%%%%%%%%%%%%%%%%%% 

%Part  l-Generate  single-  and  multi-tone  message  signals 
%and  spectra 

%A.  Generating  the  message  signals 

clear 

clg 

delta.ts.OOO  1 ;  %set  signal  and  sampling  variables 
tsO:delta_t:l; 

sgl=S*cos(2*pi*200*t);  %single-tone  signal  variable 
%multi-tone  signal  variable 

mlt=5*cos(2*pi*400*t)+3*cos(2*pi*100*t)+2*cos(2*pi*350*t); 
%Plot  1 

subplot(211),  %plot  the  single-tone  signal 

plot(t(l:500)^^(l:500)) 

title^lot  1  •  single-tone  message  signal') 

x]abel(lime') 

ylabelC  Amplitude*) 

%Plot  2 

subpiot(212),  %plot  the  multi-tone  signal 

plot(t(l:500)^lt(l:500)) 

titleCPlot  2  -  multi-tone  message  signal*) 

xlabel(Time*) 

ylabelCAmplitude*) 

pause 

clg 

%B.  Predict  power  and  bandwidth  for  the  message  signals 
%C.  Verify  bandwidth  for  the  message  signals 
[specsgLHz>sspectral(sgl^lta_t);  %genetate  the  q)ectrum 
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%Plot3 


subplot(211),  %pIot  the  q)ectrum 
pk)t(Hz,specsgl) 

title^lot  3  -  single-tone  message  signal  spectnun') 

xlabelCFiequency  in  Hz') 

ylabelCAmplitude*) 

[q)ecmltJlz]=:spectTal(mlt,delta_t);  %gaieiate  the  spectnun 
%Plot  4 

subplot(212).  %plot  the  spectnim 
plot(Hz,specmlt} 

titleCPlot  4  -  multi-tone  message  signal  spectnun*) 

xlabeKTiequency  in  Hz') 

ylabelCAmplitude') 

clear  specmlu  clear  specsgl; 

pause 

clg 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%% 

%Part  2-Generate  AM  DSB  signals  using  single-  and  multi-tone 
%input 

%A.  Generate  the  single-tone  AM  DSB  signal  and  spectnim 

moddsbsgl=cos(2*pi*2000*t)  *sgl;  %modulate  the  signal  by  multiplying  by  a  cosine 
moddsbmlt=cos(2*pi*3000*t).'*mlt; 

%Plot  5 

subpiot(21 1),  %plot  the  modulated  signal 

plot(t(l:500).moddsbsgl(l;500)) 

title^lot  5  -  single-tone  DSB  signal') 

xlabelCTime') 

ylabelCAmplitude') 

%Plot6 

subplot(212),  %plot  detailed  view  to  show  phase  shifts 

plot(t(l:  100),[sgl(l:  100)mioddsbsgl(l:  100)1) 

title^lot  6  -  expanded  message  and  single-tone  DSB  signals') 

xlabeKTime*) 

ylabelCAmplitude') 
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pause 

cig 


%Plot  7 

subplot(211).  %pIot  the  modulated  signal 
plot(t(l:SOO).inoddsbmlt(l  :S00)) 
dtleCPkH  7  -  multi-UMie  DSB  signal*) 
xlabelCTitne*) 
ylabelCAmplitude*) 

%Plot  8 

subplot(212).  %plot  detailed  view  to  show  phase  shifts 

plot(t(l:l(X)).[inlt(l:100);moddsbinlt(l:100)]) 

titleCPlot  8  -  expanded  message  and  multi-tone  DSB  signals') 

xlabelCTime*) 

ylabelCAmplitude*) 

pause 

cig 

%B.  Predict  powo'  for  the  single-tone  AM  DSB  signal 

%C.  Verify  bandwidth  for  the  single-  and  multi-uxie  AM  DSB  signals 

dsbsgl^)eos^)ecotal(moddsbsgl,delta_t);  %generaie  the  modulated  q»cixum 
dsbmltspec=«pectial(moddsbmlt.delta_t); 

%Plot9 

subplot(2l  1),  %plot  the  modulated  spectrum 
plot(Hz4sbsgl^)ec) 

title^ot  9  -  single-tone  DSB  signal  spectrum*) 
xlabelCFrequency  in  Hz*) 
ylabelCAmplitude*) 

%Plot  10 

subplot(212).  %plot  the  modulated  spectrum 
plot(Hz^bmltspec) 

title^ot  10  -  multi-tone  DSB  signal  spectrum*) 
xlabelCFrequency  in  Hz*) 
ylabelCAmplitude*) 

clear  dsbmltspec;clear  dsbsglspec; 
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pause 

cig 

%D.  Verify  the  power  for  the  single-tone  AM  DSB  signal 

dsb_iic_pwr_sngl=((niax(moddd)sgl)y‘2y2  %find  the  peak  power 

psddsi>»psd(mo(ldsbsgl,(lelta_t);  %generate  the  power  ^tral  density 

dsb_avgj»wr_sngl=sum(ps<idsb)  %rind  average  power  by  summing  the  power 
%spectral  density  values 

clear  psddsb; 

%%%%%%%%%%%%%%%%%%%% 

%Pait  3~Recover  the  AM  DSB  signals 
%A.  Demodulate  the  AM  DSB  signals 

demodsgt=cos(2*pi*2000*t).*moddsbsgl;  %first  step  in  recovering  the  signal- 

%multiply  by  the  carrier 
demodmlt=cosO*pi*3000*t).*moddsbmlt; 

[specsg1,Hz.sglfft]=q)ectral(demodsgl.delta_t);  %generate  the  spectrum 
[specmli.Hz^ltffl]=spectral(deniodmll,delta_t);  %the  recovered  signal 

clear  demodsghclear  demodmlt;clear  modddjsgkclear  moddsbmlt; 

%Plot  11 

subplot(21 1), 
plot(Hz;^)ecsgl) 

titleCPlot  11  -  demodulated  single-tone  DSB  spectrum  prior  to  filtering') 

xlabelCFrequency  in  Hz') 

ylabelCAmplitude') 

%Plot  12 

subplot(212), 

plot(Hz,specmlt) 

title(Plot  12  -  demodulated  multi-tone  DSB  spectrum  prior  to  filtering') 

xlabelCFrequency  in  Hz') 

ylabelCAmplitude') 

clear  qiecmlt;  clear  specsgl; 

pause 

clg 

%B.  Hlter  and  recover  the  message  signals 
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recsgI>recovemi(^l£Ft,'idealk>w'^^50);  ^recover  and  filter 
clear  sgltft; 

recinlU:recovenn(mltfit,'idealk)w'JIz,4S0); 
clear  mltfft; 

bigsglsrecsgl*2;  %amplify  signal 
bigmltsrecinlt*2; 

%Plot  13 

subplot(21 1).  %plot  the  recovered  signal  on  top  of  the  message  signal 
plot(t(l;500),[sgl(l:500);bigsgl(l:500)]) 

title^lot  13  -  single-tone  message,  amplified  recovered  DSB  signal*) 

xlabelCTime*) 

ylabelCAmplitude*) 

%Plot  14 

subplot(212).  %plot  the  recovered  signal  on  top  of  the  message  signal 

plot(t(l:500).[mlt(l;500);bigmU(l;500)]) 

titleCPlot  14  -  multi-tone  message,  amplified  recovoed  DSB  signal’) 

xlabel(Time') 

ylabelCAmplitude*) 
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EO  3513  Programming  Laboratory  6  Key 
Amplitude  Modulation  Single  Sideband  (AM  SSB) 


Answers  will  vary.  The  answers  below  are  based  on  the  following  signals: 

sgl=8*cos(2*pi*220*t); 

mlt=2*cos(2*pi*150*t)+4*cos(2*pi*225*t)+8*cos(2*pi*400*t); 

Question  1:  Calculate  the  following  values  for  the  single-tone  message 
signal: 

peak  power 
average  power 
baseband  bandwidth 

Answer:  peak  power  =  Ap^  /  2  =>  8^  /  2  =  32 

average  power  =  Aq^  +  1/2  X  (A„2  +  =>  8^  /  2  =  32 

baseband  bandwidth  =  220  Hz 

Question  2:  Predict  the  following  values  for  the  single-tone  AM  SS? 
signal: 

peak  power 
average  power 
transmission  bandwidth 

Answer:  peak  power  =  A  ,2  /  2  =>  4^  /  2  =  8 

average  power  =  A^  /  2  =>  4^  /  2  =  8 
transmission  bandwidth  =  440  Hz 

Question  3:  Record  the  values  representing  peak  and  average  power  for  the 
signal-tone  LSB  and  USB  signals. 

Do  your  calculations  for  bandwidth  and  power  in  Question  2 
agree  with  the  computer-generated  values? 

Answer:  lsb_pk_pwr_sngl  =  8.2009 

usb_pk_pwr_sngl  =  8.0261 
lsb_av^pwr_sngl  =  8.0001 
usb  avg  pwr  sngl  =  7.9999 
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(^estioD  4: 
Answer 


Is  coherent  detection  (detection  using  the  carrier)  necessary 
for  an  AM  SSB  signal? 

Yes,  because  although  there  are  no  phase  shifts  inesent  in  the  AM  SSB 
signals,  their  shapes  do  not  closely  follow  the  envelope  of  the  message 
signal,  preventing  envelope  detection. 
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Pint  1 R  -  cinal<*-tnn<»  H^mntliiliitMl  1 TSR  ctv»ntnim  nrinr  fn  fi1t«»rini 
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An^)Iitude  Amplitude 
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%Pirograinming  Lab  6  example  for  instructor  use 
%Answers  will  vary! 

%%%%%%%%%%%%%%%%%%%%%%%%%%%% 
%Progiainming  Lab  6  Amplitude  Modulation  AM  SSB 
%%%%%%%%%%%%%%%%%%%%%%%%%%%% 
%Pait  1 -Generate  single-  and  multi-tone  message  signals 
%  and  plectra 
%A.  Generate  the  message  signals 

dear 

dg 


delta_t=.0(X}l: 
t=0:delta_t:l;  %time  vector 

sgls:8*cos(2*pi*220*t);  %single-tone  signal 
%multi-tone  s.'gc?l 

mlt=2*cos(2*pi*150*t)44*cos(2*pi*225*t)+8*cos(2*pi*400*t); 
%Ploi  1 

subplot(211),  %plot  the  signal 

ploi(t(l:500);sgl(l:500)) 

titleCPlot  1  -  single-tone  message  signal') 

xlabelCItme') 

ylabelC  Amplitude') 

%Ploi  2 

subplot(212),  %plot  the  signal 

plot(l(l:500)^lt(l:500)) 

titleCPlot  2  -  multi-tone  message  signal') 

xlabelCTime') 

ylabelC  Amplitude') 

pause 

dg 

%B.  Ptedict  the  powa  and  bandwidth  fw  the  message  signals 
%C.  Verify  bandwidth  for  the  message  signals 
[iqiecsgl  Jlz]=q)eciral(sgl,delta_t);  %geneiate  the  spectrum 
%Plot3 
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subplot(211),  %plot  the  spectrum 
plot(Hz,specsgl) 

titleCPlot  3  -  single-tone  message  signal  spectrum') 

xlabelCFrequency  in  Hz') 

ylabelCAmplitude') 

q)ecmltsq)ectral(mlt,delta_t);  %generate  the  spectrum 
%Plot  4 


subplot(212),  %plot  the  spectrum 
plot(Hz,specmlt) 

titleCPlot  4  -  multi-tone  message  signal  spectrum') 
xlabelCFrequency  in  Hz') 
ylabelC  Amplitude') 

clear  ^pecsglxlear  specmlt; 


pause 

clg 


%%%%%%%%%%%%%%%%%%%%%%%%%%%%%% 
%Part  2— Generate  AM  SSB  signals  using  single-  and  multi- 
%  tone  input 

%A.  Generate  the  single-  and  multi-tone  AM  SSB  signals 


[isbsgl,usbsgl]sssb(t^gl,l,lSOO);  %genetatB  the  single-tone  upper  and  lower 
%sideband  signals 

[lsbmlt,usbmlt)=ssb(t4nlt,1^500);  %genoate  the  multi-tone  upper  and  lower 
%sideband  signals 


%Plot  5 


subplot(21 1),  %plot  the  lower  sideband  signal 

plot(t(l;500)4sbsgl(l:500)); 

titleCPlot  5  -  single-tone  LSB  signal') 

xIabelCTime') 

ylabelC  Amplitude') 

%Plot  6 


subp!ot(212),  %plot  detailed  view-no  phase  shifts 

ploi(i(l;100),[sgl(l:  100);lsbsgl(l:  100)]) 

titleCPlot  6  -  single-tone  message  signal,  expanded  LSB  signal') 

xlabelCTime') 

ylabelCAmplitude') 


pause 
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clg 

%Plot  7 

subp]ot(21 1),  %plot  the  upper  sideband  signal 

plot(t(l:S00),usbsgI(l:500)); 

title^ot  7  •  single-tone  USB  signal') 

xlabd(Tiine') 

ylabelC  Amplitude') 

%Plot  8 

subplot(212),  %plot  detailed  view-no  phase  shifts 

plot(t(l:  100).[sgl(l;  100);usbsgl(l ;  100)]) 

titleCPlot  8  -  single-tone  message  signal,  expanded  USB  signal*) 

xlabelCTime') 

ylabelC  Amplitude*) 

pause 

clg 

%Plot  9 

subplot(21 1),  %plot  the  lower  sideband  signal 

plot(t(l:500)4sbmlt(l;500)); 

titleCPlot  9  -  multi-tone  LSB  signal*) 

xlabelCTime*) 

ylabelCAmplitude*) 

%Plot  10 

subplo((212),  %plot  detailed  view-no  phase  shifts 

plot(t(l:100).[mlt(l:  100);lsbmlt(l:  100)]) 

titleCPlot  10  -  multi-tone  message  signal,  expanded  LSB  signal*) 

xlabelCTime*) 

ylabelCAmplitude*) 

pause 

clg 

.  11 

subplot(21 1),  %pk>t  the  upper  sideband  signal 

plot(t(l:S00).usbmlt(l;S00)); 

title^lot  11  -  multi-tone  USB  signal*) 

xlabelCTime*) 

ylabelCAmpUtude*) 
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%Plot  12 


subplot(212),  %plot  detailed  view-no  phase  shifts 

plot(t(l;  100),[inlt(l :  100);iisbinlt(l :  100)]) 

titie^kM  12  -  multi-tone  message  signal,  expanded  USB  signal') 

xlabelCTime*) 

ylabelC  Amplitude') 

pause 

clg 

%B.  Predict  power  and  bandwidth  for  the  AM  SSB  signals 

%C.  Verify  the  power  and  bandwidth  rf  the  AM  SSB  signals 

[^)eclsbsgljlz]=q)ectial(lsbsgl,deita_t);  %generate  the  lower  sideband  spectrum 
[specusbsgl  Jlz]=spectral(usbsgl,delta_t);  ^generate  the  upper  sideband  spectrum 

%PIot  13 

subplot(21 1),  %plot  the  lower  sideband  spectrum 
plot(Hz,speclsbsgi); 

titleCPlot  13  -  single-tone  LSB  spectrum') 
xlabelCFiequency  in  Hz') 
ylabelCAmplitude') 

%Plot  14 

subplot(212),  %plot  the  upper  sideband  spectrum 
plot(Hz,specusbsgl); 

title(7*lot  14  -  single-tone  USB  spectrum') 
xlabelCFrequency  in  Hz') 
ylabelCAmplitude') 

clear  specusbsgl;clear  speclsbsgl; 

pause 

clg 

[speclsbmlt,Hz]=:pectial(lsbmlt/lelia_t):  %generate  the  lower  sideband  spectrum 
[^usbmltjlz]sspectral(usbmlt.delta_t);  %generatB  the  upper  sideband  spectrum 

%Plot  15 

subplot(21 1),  %plot  the  lower  sideband  qtectrum 
plot(Hz,q)ecIsbmlt); 

title^Iot  IS  -  multi-tone  LSB  spectrum') 
xlabelCFrequency  in  Hz’) 
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ylabelCAmplitude') 

%Plot  16 

subplot(212).  %plot  the  ui^r  sideband  spectrum 

plot(Hz^pecusbmlt); 

title^ot  16  -  multi-tone  USB  spectrum') 

xlabelCFirequency  in  Hz') 

ylabelCAmplitude') 

clear  specusbmlt:clear  speclsbmlt; 

pause 

clg 

lsb_j)k_pwr_sngl=((max(lsbsgl))^2)/2  %find  the  peak  power 
usb_j*_pwr_sngl=((max(usbsg^))^2)/2 

[psdlsbJHLz]=psdGsb$gl,deIta_t):  %genaate  the  Iowa-  sideband  power 
%spectral  density 

lsb_avgjpwr_snglssum(psdlsb)  %rmd  average  pow^  by  summing  the  power 
%spectral  densities 

[psdusb  Jlz]=psd(usbsgl.delta_t):  %generate  the  lower  sideband  power 
%;q)ectial  drasity 

lsb_avg_pwr_snglssum(psdusb)  %find  average  powo'  by  summing  the  power 
%spectral  densities 
clear  psdusb:clear  psdlsb; 

%%%%%%%%%%%%%%%%%%% 

%Part  3"Recova’  the  AM  SSB  signals 
%A.  Recover  the  AM  SSB  single-tone  signals 

demodlsbsgl=cos(2*pi*15(X)*t).*lsbsgl;  %recover  the  single-tone  signal  by 

%multiplying  by  the  carrier 
demodusbsgi=cos(2*pi*' 1 500*t).*usbsgl; 

clear  lsbsgl;clear  usbsgl; 

[speclsbsgl,Hz^ftlsbsgl]=speclral(demodlsbsgl.deltajt); 
clear  demodlsbsgl; 

[q)ecusbsgl.Hz^tusbsgl]=^pectral(demodusbsgl,delta_t); 

cl^demodusbsgl; 

%Plot  17 

subplot(21 1),  %plot  the  demodulated  Isb  spectrum 
pIot(Hz;q)ecl^sgl) 
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tiUeCPlot  17  -  single-tone  demodulated  LSB  spectrum  prior  to  filtering') 

xlabelCFiequency  in  Hz') 

ylabelCAmpliuxte') 

clear  speclsbsgl; 

%Plot  18 

subplot(212),  %ploi  the  demodulated  usb  spectrum 
plot(Hz,specusbsgl) 

titleCPlot  18  -  single-tone  demodulated  USB  spectrum  prior  to  nitering*) 

xlabelCFiequency  in  Hz') 

ylabelCAmplitude') 

clear  qiecusbsgl; 

pause 

clg 

reclsbsgl=recoverm(fftlsbsgl,'ideallow'4iz;250);  %iecoverand  filter 
clear  fftlsbsgl;  %single-tone  LSB 

biglsbsglsieclsbsglM;  %amplify  signal 
clear  reclsbsgl; 

recusbsgl=tecoverm(fftusbsgl.'ideaUow'Jlz.250);  %recover  and  filter 
clear  fftusbsgl;  %single-tone  USB 

bigusbsglsiecusbsglM;  %amplify  signal 
clear  lecusbsgl; 

%Plot  19 

subplot(21 1),  %plot  the  recovered  signals  over  the  message  signal 

plot(t(l:500),[sgl(l:500);biglsbsgl(l:500);bigusbsgl(l:500)]) 

titleCPlot  19  -  single-tone  message  and  recovered  LSB  and  USB  signals’) 

xlabelCTime') 

ylabelCAmplitude') 

subplot(2l2), 

titleCNO  PLOT  HERE-JUST  PRESS  RETURN*) 

clear  biglsbsgl;clear  bigusbsgl;clear  sgl; 

pause 

clg 

%B.  Recover  the  AM  SSB  multi-tone  signals 


demodlsbmlu>cos(2*pi*2500*t).'*ld)mlt;  %recovcr  the  multi-tone  signal  by 
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%multiplying  by  the  carrier 
demodusbinltBCOs(2'*pi*2S00*t)*usbmlt; 

clear  Isbmluclear  usbmlt; 

[q)eclsbmluHz47tlsbinlt]=q)ectral(demodlsbmlt,delta_t): 
clear  demodlsbmlt; 

[specusbmltJIzjEftiisbinlt]3speciral(demodusbmlt,deita_t); 
clear  demodusbmlt; 

%PIot  20 

subplot(21 1),  %plol  the  demodulated  Isb  q)ectrum 
plot(Hz,speclsbmlt) 

titleCPlot  20  -  multi-tone  demodulated  LSB  spectrum  jwior  to  nitering') 

xlabelCFrequency  in  Hz') 

ylabeiCAmplitude') 

clear  speclsbmlt; 

%Plot  21 

subplot(212),  %plot  the  demodulated  usb  spectrum 
plot(Hz,q)ecusbmIt) 

titleCPlot  21  -  multi-tone  demodulated  USB  spectrum  prior  to  filtering') 

xlabelCFrequency  in  Hz') 

ylabeiCAmplitude') 

clear  specusbmlu 

pause 

clg 

reclsbmlt=recoverm(fftlsbinlt,'ideallow'^420);  %recover  and  filter 
clear  fftlsbmlt;  %multi-tone  LSB 

biglsbinltsreclsbmlt*4;  %amplify  signal 
clear  reclsbmlt; 

recusbmltsaecovcrm(fftusbmlt,'ideallow'ifc.420);  %recover  and  filter 
clear  ffiu^lt;  %multi-tone  USB 

bigusbmllstecusbmltM;  %am{dify  signal 
clear  lecusbmlt; 

%Plot22 

subplot(211),  %plot  the  recovered  signals  over  the  message  agnal 
ldol(t(l:500).[ndt(l:SQ0);)HglsbiiUt(l:S00);bigusbmlt(l:S00)]) 
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titleCPlot  22  •  multi-tone  message  and  recovered  LSB  and  USB  signals') 

xlabelCTime') 

ylabelC  Amplitude') 
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EO  3513  Programming  Laboratory  7  Key 
Conventional  Amplitude  Modulation 
(Conventional  AM) 


Answers  will  vary.  The  answers  below  are  based  on  the  following  signals: 
sgl=cos(2*pi*  1 50*t); 

mlt=3*cos(2*pi*430*t)+2*cos(2*pi*250*t)+cos(2*pi*  1 10*t); 

Question  1:  Calculate  the  following  values  for  the  single-tone  message 
signal: 

peak  power 
average  power 
baseband  bandwidth 


Pp=^ 


Answer;  peak  power  =  '  2  =>  /  2  =>  0.5 

P  =  Ao’+i|;(AN^+BN’) 

average  power  = 


'N=l 


=>  12  /  2  =>  0.5 


baseband  bandwidth  =  150  Hz 


Question  2:  Predict  the  following  values  for  the  single-tone  conventional 
AM  signal: 

peak  power 
average  power 
transmission  bandwidth 


Answer: 


peak  power  =  (1  +  m)^  P,.=>  (1  +  0.8)^  *  0.5  =>  1.62 


average  power  = 


P  = 


1  + 


m 


2^ 


=>  (1  +  (0.82  /  2))  *  0.5  =>  0.66 


transmission  bandwidth  =  3(X}  Hz 
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Question  3: 

Answer: 

Question  4: 
Answer. 


Record  the  values  representing  peak  and  average  power  for  the 
signal-tone  conventional  AM  signal. 

Do  your  calculations  for  bandwidth  and  power  in  Qi  ion  2 
agree  with  tiie  computer-generated  values? 

canij)kj)wr_sgl  =  1.6172 
cam  avjg  pwr  sel  =  0.6598 

Yes — calculations  agree. 

What  type  of  detection  is  needed  for  an  overmodulated 
conventional  AM  signal?  Why? 

Coherent  detection  (detection  using  the  carrier)  is  necessary  for  an 
overmodulated  conventional  AM  signal.  The  phase  shifts  preclude  envelope 
detection. 
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Plot  13  -  overmodulated  conventional  AM  signal 
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Iab7_ex.iii 

%Lab  7  example  script  for  instructor  use 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%% 
%Prograinming  Lab  7  Conventional  Amplitude  Modulation 
%  (Conventional  AM) 

%PART  1 -Generate  single-  and  multi-tone  message  signals 

%  and  spectra 

%A.  Goierate  the  message  signals 

clear 

clg 

delta_t?i.(XX)l; 
t=0:delta_t:l:  %time  vector 
sgl=«os(2*pi*  150*0;  %single-tone  signal 
%multi-tone  signal 

mli=3*cos(2*pi*430*t)+2*cos(2*pi*250*t)+cos(2*pi*  1 10*i); 
max_m=max(mlt);  %save  for  amplifying  detected  signal 

fcls2000;  %modulating  frequencies  for  the  carrier  signals 
fc2=2500; 

fslslSO;  %highest  frequency  in  the  single-tone  message  signal 
fs2=430;  %highest  firequency  in  the  multi-tone  message  signal 
ms.8;  %conventional  AM  modulation  index 
over_m= 1 .5;  %index  for  overmodulated  signal 

%Plot  1 

subplot(21 1),  %plot  the  signal 

plot(t(l:500)^gl( 1:500)) 

titleCPlot  1  -  single-tone  message  signal) 

xlabelfTime') 

ylabelC  Amplitude) 

%Plol2 

subplot(212),  %plot  the  signal 
plot(t(l:500).mlt(I:500).  T)) 
titleCPlot  2  -  multi-tone  message  signal) 
xlabcl(Time) 
ylabelC  Amplitude) 

pause 

clg 
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%B.  Predict  power  and  bandwidth  fw  the  message  signals 
%C.  Verify  bandwidth  for  the  message  signals 
[specsgljlz]=spectral(sgl.delta_t):  %generate  the  spectrum 
%Plot  3 

subplot(21 1),  %plot  the  spectrum 
plot(Hz,q)ecsgl.  ’g*) 

titleCPlot  3  •  single-tone  message  signal  spectrum*) 
xlabelCFrequency  in  Hz') 
ylabelC  Amplitude*) 

[specmlt4fz]=spectral(mlt,delta_t);  %generate  the  spectrum 
%Plot  4 

subplot(212),  %plot  the  spectrum 
plot(Hz.specmlt) 

titleCPlot  4  -  multi-tone  message  signal  spectrum*) 
xlabelCFrequency  in  Hz*) 
ylabelC  Amplitude*) 

clear  specsgUclear  specmlu 

pause 

clg 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%% 
%PART  2-Generate  conventional  AM  signals  using  single-  and 
%  multi-tone  input 

%A.  Generate  the  single-  and  multi-tone  conventional  AM 
%signals 

convamsgl=conv_am(sgl,delta_Mc  1^); 

convammlt;:<;onv_am(mlt,delta_t/c24n); 

sgl=sgl(l:300); 

mlt=mlt(l:300); 

%Plot  5 

subplot(21 1),  %plot  the  conventional  AM  modulated  signal 

pIot(t(l:S00)^nvamsgl(l:S00)) 

titleCPlot  5  •  single-tone  conventional  AM  signal*) 

xlabelCnme*) 

ylabelCAmplitude*) 
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%Plot6 


subplot(212),  %pk>i  the  conventional  AM  modulated  signal 

plot(t(l:S00)^onvammlt(l;S00),  'b') 

titleCPlot  6  -  multi-tone  conventional  AM  signal*) 

xlabel(Time') 

ylabelC  Amplitude*) 

pause 

clg 

%B.  Predict  power  and  bandwidth  fcv  the  conventional  AM  signals 

%C.  Verify  power  and  bandwidth  for  the  conventional  AM  signals 
%geneiate  the  modulated  spectrum 
[camspecsgl^4ftcamsgI]sspectral(convamsgl,deIta_t); 
[camspecmltJlz/ftcammlt]=spectral(convammlt.delta_t); 

%Plot  7 

subplot(21 1),  %plot  the  modulated  spectrum 
plot(Hz.camspecsgl,  *g*) 

titleCPlot  7  -  single-tone  conventional  AM  spectrum*) 
xlabelCFrequency  in  Hz') 
ylabelC  Amplitude*) 

%Plot8 

subplot(212).  %plot  the  modulated  spectrum 
plot(Hz,camspecmlt) 

titleCPlot  8  -  multi-tone  conventional  AM  spectrum*) 
xlabelCFrequency  in  Hz*) 
ylabelC  Amplitude*) 

clear  camspecsgl;clear  camspecmluclear  convammlq 

pause 

clg 

camjpk_pwr_sgl=((max(convamsgl))^2)/2  %find  the  peak  power 

psdcam=psd(convamsgl,delta_t);  %geneiate  the  power  spectral  density 
clear  cmivamsgl; 

cam_avg_pwr_sglasum(psdcam)  %find  average  power  by  summing  the  power 
%^)ectial  density  values 

clear  psdcam; 
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%%%%%%%%%%%%%%%%%%%%%%%% 

%P!ut  3~Recover  the  conventioiial  AM  signals 
%A.  Recover  the  single-tone  conventional  AM  signal 

%iecover  and  filter 

filtsglsrecoveim(filcainsgl,'idealbnd',Hz,1800^200); 

filtsglafiltsgl(l:300); 

clear  fitcamsgl; 

envsgl=enveloi)e(filtsgl); 

%plot  the  envelope-detected  signal  over  the 
%Plot  9  %filtered  signal 

subplot(211), 

plot(t(10l:200).[filtsgl(101:200);envsgl(101:200)l) 
titleCPlot  9  -  single-tone  filtered  and  envelope-detected  signals') 
xlabel(Time') 
ylabelC  Amplitude*) 

bigsgl=(envsgl-  l)An;  %remove  DC  value,  divide  by  m 
%Plot  10 

%plot  the  message  signal 

subplot(212),  %over  the  amplified  envelope-detected  signal 
plot(t(101:200).bigsgl(101:200)) 

titleCPlot  10  -  single-tone  envelope-detected  and  message  signals') 

xlabel(Time') 

ylabelC  Amplitude’) 

hold  on 

pause 

plot(t(101:200).sgl(101:200).  'b') 
hold  off 

pause 

clg 

clear  bigsgl;clear  filtsgl; 

filtmlt4ecoverm(fftcammlt,'idealbnd'Jlz,20003000); 
clear  fftcammlt; 

filtmlt?:filtmlt(l:300);  %reduce  length  for  speed 
envmltsenvekq)e(filtmk);  %use  envelope  det^tor 


%plot  the  envelope-detected 
%Plot  1 1  %signa]  over  the  filtered  signal 

subplot(211). 
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plot(l(101:200),[filtmll(101:200);cnvinlt(101;200)]) 
titleCPlot  1 1  -  multi-tone  filtered  and  envelope-detected  signals’) 
xlabel(Time’) 
ylabelC  Amplitude*) 

bigmlt=(envmlt-l)/m;  %remove  DC  value,  divide  by  m,  amplify 
biggermlt=bigmlt*max_m;  %amplify  the  signal 

%Plot  12 

%message  signal  over 

subplot(212).  %envelope-detected  signal 
plot(t(101:200).biggermlt(101:200)) 

titleCPlot  12  -  multi-tone  envelope-detected  and  message  signals') 

xlabel(Time’) 

ylabelC  Amplitude') 

hold  on 

pause 

plot(t(101:200).mlt(101:200).  ’h’) 
hold  off 

pause 

clg 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%% 

%PART  4-Observe  the  effect  of  overmodulation  on  a  single-tone 
%conventional  AM  signal 

%A.  Overmodulate  a  single-tone  conventional  AM  signal 
oconvamsgl=conv_am(sgl,dclta_t4cl,over_m);  %overmodulate  the  signal 
%Plot  13 

subplot(21 1).  %plot  the  enlarged  view  of  the  oveimodulated  signal 

plot(t(l01:200).oconvamsgl(101;200)) 

titleCPlot  13  -  overmodulated  conventional  AM  signal") 

xIabelCTime') 

ylabelC  Amplitude') 

hold  on 

pause 

%B.  Describe  the  effect  of  overmodulation  on  recovery 

oenvsenvelope(oconvamsgl);  %use  envelope  detects 

plot(t{101:200).oenv(101;200).  'b') 
hold  off 
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EO  3513  Programming  Laboratory  8  Key 
Frequency  Modulation  (FM) 


Answers  will  vary.  The  answers  below  are  based  on  the  following  signals: 

sgl=15*cos(2*pi*50*t); 

mlt=6*cos(2*pi*90*t)+9*cos(2*pi*30*t); 


Question  1:  Calculate  the  following  values  for  the  single-tone  message 
signal: 


Answer: 


peak  power 
average  power 
baseband  bandwidth 


peak  power  = 


=>  152/ 2  =>  112.5 


P  =  Ao^ 

average  power  = 


1  *“ 
'‘N=l 


+  ) 

=>  152/ 2  =>  112.5 


baseband  bandwidth  =  50  Hz 


Question  2:  Predict  the  following  values  for  the  single-tone  FM  signal: 

peak  power 
average  power 

maximum  frequency  deviation  Af 
transmission  bandwidth  (use  Carson’s  rule) 


Answer: 


peak  power  = 


=>152/2  =>112.5 


average  power  =  A2  /  2  =>  I52  /  2  =>  1 12.5 

Af  =  B*fm=>  10*50  =>500  Hz 

transmission  bandwidth  =  2  6  fn,=>  2  *  10  *  50  =>  1000  Hz 
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Question  3:  Consult  a  table  of  values  for  Bessel  functions  (or  use  the 
MATLAB  ^^bessel**  command).  How  many  sidebands  are 
required  for  98%  power  trammission  for  this  FM  signal?  Does 
the  spectrum  shown  In  Plot  7  reflect  the  expected  number  of 
sidebands? 

Anwen  14  sidebands  are  required. 

The  spectral  plot  reflects  the  e]q)ected  number  of  sidebands. 

Question  4:  What  is  the  distance  between  die  sidebands  in  the  FM  spectrum 
shown  in  Plot  7? 

Answer.  50  Hz 

Question  5:  Record  the  values  reprei%nting  peak  and  average  power  for  the 

signal'tone  FM  signal. 

Do  your  calculations  for  bandwidth  and  power  in  Question  2 
agree  with  the  computer>generated  values? 

Answer  fm_pk_pwr_sngl  =  112.5 

fin  avg  pwr  sngl  =  112.4888 

Yes — calculations  agrees. 

Question  6:  Calculate  the  maximum  frequency  deviation  Af  associated  with 
each  of  the  two  values  of  B. 

Answer  Af  =  B  *  fin  =>  1  ♦  50  =>  50  Hz 
Af = 6  *  fin  =>  5  ♦  50  =>  250  Hz 

Question  7:  Calculate  the  transmission  bandwidth  for  each  of  the  single- 
tone  FM  signals. 

Answer  BT*2fm=>2*50=>  lOOHz 

Bt«  2  (1  +  B)  fnj=>  2  (1  +  5)  *  50  =>  600  Hz 

Question  8:  Calculate  the  value  of  B  associated  witii  each  of  the  two  values 
of  Af. 

Answer  B  =  Af/fin=>900/90=>  10 

B  =  Af  /  fin  =>  1200  /  90  =>  13.333 
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Question  9:  Calculate  the  transmission  bandwidth  for  each  of  the  multi- 

tone  FM  signals  (use  tiie  higher  of  the  two  values  for  message 
signal  frequency). 

Answer  BT»2Bf^=>2  ♦  10  ♦90=>  1800Hz 

Bt  -  2  6  =>  2  ♦  13.333  ♦  90  =>  2399.94  Hz 
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Iab8_ex.in 

%Lab  8  example  script  for  instructor  use 
%Answers  will  vary! 

%%%%%%%%%%%%%%%%%%%%%%%%%% 

%Programming  Lab  8  Frequency  Modulation  (FM) 
%%%%%%%%%%%%%%%%%%%%%%%%%% 

%PART  1 -Generate  the  single-  and  multi-tone  message  signals 
%A.  Generate  the  single-  and  multi-tone  message  signals 

clear 

clg 

delta.ts.OOO  1 ;  %set  signal  and  frequency  variables 
MhdelULt:!; 

Acs=lS;  %FM  signal  amplitude  for  single-tone  message 
fcs=l  500;  %FM  signal  frequency  for  single-tone 
thetasM);  %single-tone  value 
fms=S0;  %single-tone  message  signal  frequency 

sgl=15*cos(2*pi*fms*t):  %single-tone  signal 

Acm=20;  %FM  signal  amplitude  for  multi-tcme  message 
fcm= 1 SOO;  %FM  signal  frequency  for  multi-tone 
thetams[00];  %multi-t0ne  value 
fiteql=90; 

&e(^30; 

fnun=[fneql  freq2];  %multi-lone  frequency  vector 

mlt=6*cos(2*pi*fireql*t)+9*cos(2*pi*freq2*t);  %multi-lone  signal 

%Plot  1 

subplot(211). 

plot(t(l;1000)^gl(l:1000)) 

title(Plot  1  •  single-tone  message  signal') 

xlabeKTime*) 

ylabelCAmplitude') 

%Plot2 

subplot(212), 

plot(t(l : 1000).mlt(l : 1000)) 

title^ot  2  -  multi-tone  message  signal*) 

xlabeinime') 

ylabelCAmplitude') 
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pause 

clg 


%B.  Pm*.’  ct  peak  power,  average  power,  and  bandwidth  for  the 
%message  signals 

%C.  Generate  the  single-  and  multi-tone  message  signal  spectra 

[specsgl,Hz]=spectral(sgl,delta_t}; 

%Plot  3 

subplot(211), 

plot(Hz^pecsgl) 

titleCPlot  3  •  single-tone  message  spectrum') 
xlabelCFrequency  in  Hz') 
yl^lCAmplitude') 

[specmlt,H2]=spectial(mlt,delta_t); 

%Plot  4 

subplot(212), 

plot(Hz,specmlt) 

titleCPiot  4  -  multi-tone  message  spectrum') 
xlabelCFrequency  in  Hz') 
ylabelC  Amplitude') 

clear  specsgl;clear  specmlt; 


pause 

clg 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%% 
%PART  2»Cenerate  frequency  modulated  (FM)  signals  using 
%single-  and  multi-tone  input 
%A.  Generate  the  single-  multi-tone  FM  signals 


betaslO; 


%generate  the  FM  signal 

[fin_^gl,delta_fs,betalsfm_mod(t,Acs/cs,fms,thetas,'none',beta); 

[fm_mlt,delta_fm,beta]=fin_mod(t,Acm/cm,fmm,thetam,'none’,beta); 


%Plot5 


8ubpIot(211), 

pk>t(t(l:200),[sgl(l:200);fm_sgl(l:200)]) 
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tide(Plot  S  •  single-tone  message  and  FM  signals') 

xlabel(Time') 

ylabelC  Amplitude') 

%Plot6 

subplot(212). 

plot(t(l:200).[mlt(l;200);fm_mlt(l:200)]) 
titleCPlot  6  -  multi-tone  message  and  FM  signals') 
xlabel(Time') 
ylabelC  Amplitude') 

pause 

clg 

%R  Predict  peak  powa,  average  power,  and  bandwidth 
%  for  the  ^  signals 

%C.  Generate  the  spectra  of  the  FM  signals 

[specsgljb]=spectral(fm_sgl.delta_t); 

%Plot  7 

subplot(21 1),  %label  delta_f 

plot(Hz(l  :3000).specsgl(l  :30()6)) 

titleCPlot  7  -  single-tone  FM  spectrum  with  beta=10') 

xlabelCFrequency  in  Hz’) 

ylabelC  Amplitude*) 

[specmlt,Hz]=spectral(fm_mlt,delta_t); 

%Plot  8 

subplot(2l2),  %label  delta_f 

piot(Hz(l:3000)4ipecmlt(l  :3000)) 

title^lot  8  -  multi-tone  FM  spectrum  with  beta=10') 

xlabelCFrequency  in  Hz') 

ylabelC  Amplitude') 

pause 

clg 

%D.  Verify  the  power  and  bandwidth  of  the  FM  signal 

psdfm=psd(fm_sgl,delta_t); 

&n_idcjjwr_sngl=(max(&n_sgl)^2)/2 
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fin  avg  pwr  snglasumfpsdfin) 

%%%%%%%%%%%%%%%%%%%%%%%%%% 

%PART  3"Control  the  bandwidth  of  the  FM  signal 
%A.  Control  bandwidth  by  varying  beta,  using  single-tone  input 
%rix  beta  at  vdues  of  1  and  S 
%modulate  at  2S00  Hz  to  center  the  spectrum 

fcs*2500; 

betasl; 

[fin_sgl,delta_f,beta]=fin_mod(t,Acs,fcs/ms,thetas.’nonc',beia); 

delta_f 

fm_sgl=sspectral(fm_sgl,delta_t): 

%Plot9 

subplot(211). 

plot(Hz/m_sgl) 

titleCPlot  9  -  single-tone  FM  spectrum,  beta=l') 
xlabelCFrequency  in  Hz') 
ylabeIC  Amplitude’) 

beta=S; 

[fin_sgl,deita_f,beta]=fin_mod(t,Acs,fcs,fms,thetas,'none',beta); 

delta_f 

fm_sgl=spectral(fin_sgl,delta_t): 

%Plot  10 

subplot(212), 

plot(Hz/m_sgl) 

title(Plot  10  •  single-tone  FM  spectrum,  beta^S*) 

xlabel(Prequency  in  Hz') 

ylabeiCAmplitude’) 

pause 

clg 

%B.  Control  bandwidth  of  the  FM  signal  by  varying  delta_f, 

%  using  multi-tone  input 

%fix  delta.f  at  values  of 900  and  1200 
%Modulate  at  2500  Hz  to  center  the  spectrum 


ficm=2S00; 

delta_fm=900; 


[finjnlt,deltaJ,beta]=fm_mod(t,Acm/cm/mm,thetam,delta_fini,’none'); 
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beta 

qpecinlt>qpectral(fin_inlt.ddta_t); 

%P]ot  11 

subplot(211). 

pIot(Hz^specmIt) 

titleCPlot  11  -  multi-tone  FM  spectium,  delta_f=900') 
xlabelCFrequency  in  Hz') 
ylabelC  Amplitude') 

delta_fni=:1200; 

[fm_mlt,delta_f,beta]sfm_mod(t,Acm/cm/mm,thetam,delia_fm,'none'); 

beta 

specmlu=specttal(fm_mlt,delta_t); 

%Plot  12 

subplot(212), 

plot(Hz,specmlt) 

titleCPlot  12  -  multi-tone  FM  spectium.  delta_f=1200') 
xlabelCFiequency  in  Hz') 
ylabelC  Amplitude') 
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EO  3513  Programming  Laboratory  9  Key 
Radio  Frequency  Digital  Modulation  Methods 
(ASK,  FSK,  BPSK,  and  QPSK) 


Answers  will  vary. 

Question  1:  Calculate  the  bit  duration  t  for  this  signal. 

Answer:  bit  duration  =  1/bit  rate  =>  1/100  =>  0.01  seconds 

Question  2:  Calculate  the  approximate  baseband  bandwidth  of  the  NRZL 
unipolar  digital  message  signal. 

Answer:  baseband  bandwidth  =  0.5/t  =>  0.5/0.01  =>  50  Hz 

Question  3:  Why  is  ASK  modulation  often  referred  to  as  “on>off  keying”? 

Answer  The  carrier  is  turned  “on”  and  “off’  to  represent  the  1  ’s  and  O’s  in  the  digital 

message  signal. 

Question  4:  Compare  the  spectrum  for  the  BPSK  signal  in  Plot  10  with  that 
of  the  QPSK  signal  in  Plot  16.  What  is  the  chief  advantage  of 
quadriphase  shift  keying  over  bipolar  phase  shift  keying? 

Answer:  The  information  rate  of  a  QPSK  signal  is  twice  that  of  a  BPSK  signal,  with 

no  increase  in  bandwidth  requirements. 
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%ExampIe  Lab  9  so^  fw  instructor  use 


%%%%%%%%%%%%%%%%%%%%%%%%%% 

%Piogta0iming  Laboratory  9  RatUo  Frequency  (RF) 

%  Digital  Modoladon 

%%%%%%%%%%%%%%%%%%%%%%%%%% 

%PART  l-Ampbtude  Shift  Keying  (ASK) 

%A.  Generate  the  digital  message  signal  and  spectrum 

dear 

dg 

delta_t«.0001; 

fi»S00; 

bittatB=slOO; 

bitstreams4ound(iand(l:  1(X)));  %generate  the  random  bitstream 
un^lar_bitssbitstream(l:10)  %f»int  the  first  10  bits 
pause 

[nizlsig,t]sorzluni(lntstream,delta_t,bitrate):  ^generate  the  digital  signal 


bigjaxiss[0 .1  -2  2];  %set  manual  scaling  for  grai^ 
med_^Duss[0 .05  *2  2]; 

axis(big_axis); 

%Plotl 

subplot(21 1),  %plot  the  digital  message  signal 
plot(t,nrzlsig) 

titleCnot  1  •  NRZL  unipolar  digital  message  signal') 

xlabdCTune') 

ylabelCAnqditude*) 

[nrzl^)ec41zls:q)ecttal(nrzlsig,deltiL.t);  %generate  die  message  plectrum 
axis; 

%PIot2 

sabplot^l2), 

plot(Hz(l:2000)jii2)spec(l:2000).  'g*) 

title^ot  2  -  NR23.  unqidar  digital  message  speGtrum*) 

xlabdCBequency  in  Hz5 
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y]abelCAiiq)]itude') 

devnrzlqxc; 

pause 

dg 

%B.  Geuerate  tbe  ASK  signal 

aslEsig3niz]sig.*cos(2*pi*fc'*t);  %generalB  tbe  ASK  signal 
axis(big_axis): 

%Plot3 

subplot(211),  %pk>t  the  ASK  signal 
plo^Ua^g) 

titIe(Plot  3  •  ASK  signal*) 
xlabelCTune*) 
ylabelC  Amplitude*) 

%C.  Goierate  the  ASK  q)ectium 

askq)ec=spectral(asksig,delCL.t);  %geneiatetheASKspectnim 
dearasksig; 

axis; 

%Plot4 

subplot(212), 

plot(Hz(l:2000),askspec(l:2000),  *b*) 
title('Plot  4  -  ASK  q)ectnmi*) 
xIabelCFiequency  in  Hz') 
ylabelC  Amplitude*) 


pause 

dg 

%%%%%%%%%%%%%%%%%%%%% 
%PART  2--Frequency  Shift  Keying  (FSK) 
%A.  Geueiate  tbeFSK  signal 


low_fteq=S00; 

ULfteqslOOO; 
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Msig^sk(mzlsig,(idta^t,bitratB4<>w_&iBq4iLfreq);  %gaiefate  tbe  FSK  signal 
axis(iiiedLjaxis);  %manually  scale  gn^h 


%Plot5 

subpkMQl  1),  %FSK  signal  plotted  over  message  signal 
ldot(t,[nfz]sig;fs]csig]) 

titleCHot  5  -  expanded  FSK  and  digital  message  signals') 

xlabdCTune') 

yUbelCAnqditude') 

%B.  Goierate  the  FSK  qiectium 

[£dcspec3z]s^)ectral(fsksig,delia_t):  %observetheFSKspectium 
clear  £sksig; 

axis; 

%Plot6 

subplot(212), 

plot(Hz(l:2000)/skspec(l:2000)) 
titleCPlot  6  •  FSK  spectrum') 
xlabelCFrequency  in  Hz') 
ylabelC  Amplitude') 


dearfsk^wc; 


pause 

dg 

%%%%%%%%%%%%%%%%%%%%%%% 

%PART  3~Binary  Phase  Shift  Keying  (BPSK) 

%A.  Generate  the  digital  message  signal  and  ^)ectrum 
%set  bit  pattern  to  show  phase  shifts  at  beginning 

bitstieam(l:10)s:[0  001101100];  %set  values  to 

^demonstrate  phase  shifts 
lripblarjbitsabitstream(l:10) 
pause 
fcB2S0; 


[m2]sig.t]snczlbi(bitstieam.delta_t,bitrate  %geoerate  the  digital 


axisCUgjBxis); 


%Plot7 
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subpk}t(211),  %p]ot  the  message  signal 
plot(t4irzlsig) 

litte^lot  7  -  NRZL  bipolar  digital  message  signal') 

xlabeKTime') 

ylabelC  Amplitude*) 

[nrzlspec,Hz]sspectral(nrz]sig,delta_t):  ^generate  the  message  spectnim 
axis; 

%Plot  8 
subplot(212), 

plot(Hz(l:2000),iu2lspec(l:2000).  'g’) 

tit]e(Plot  8  -  NRZL  bipolar  digital  message  spectnim') 

xlabelCFiiequency  in  Hz') 

ylabelC  Amplitude*) 

clear  nrzlspec; 

pause 

clg 

%B.  Generate  the  BPSK  signal 

bpsksig=oizlsig.*cos(2'^*fc.*t);  %generate  the  BPSK  signal 

axis(big_axis);  %set  manual  scaling 

%Plot9 

sabpk>t(21 1),  %plot  the  BPSK  signal  over  the  message  signal 

ldot(t.[bpsksigmfzlsig]) 

tideCPIot  9  •  BPSK  signal  and  message  signal*) 

xlabeKTime') 

yhbelCAniplinide') 

%C.  Generate  the  BPSK  plectrum 

Ibp8k^>ec;Hz}Bq)ectial(bp8ksig,d 
clear  bpsksig; 

axis; 

%Plot  10 

sabi^2U),  %pIot  the  BPSK  spectrum 
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plot(Hz(l:2000),bpskspcc(l:2000),  'g') 
titleCPiot  10  -  BPSK  spectrum') 
xlabelCFrequency  in  Hz') 
ylabelCAiiq>litude') 
dearbpskspec; 


pause 

dg 

%%%%%%%%%%%%%%%%%%% 

%PART  4-Quadripliase  Shift  Keying 
%A.  Generate  the  QPSK  signal 

[nrzlo(kMiizlevcn]*ser_pai(nizlsig,dclta_t,bitrate);  %piit  signal  through 

%serial-lo-ptfallel 

^converter 

axis(big_axis); 

%Plot  11 

^ubpIot(21 1),  %graph  the  delayed  digital  signd-odd  bits 

pIot(Mu^odd,  'b') 

c'JeCPlot  11  -  delayed  odd  bits') 

xlabdCTune') 

ylabelCAnqtlitude') 

%Plot  12 

sobpIot(212),  %gr^httie  delayed  digital  signal-even  bits 

plot(t,nrzlev«i,  'g') 

dOe^ot  12  -  delayed  even  bits') 

xUbdCTune') 

ylabelCAnqtlitude') 

panse 

dg 

Gos_inodsnfzlodd*co6(2*iri*fc  *t);  %inodulale  each  signal 
siu_inod=!nrzleven.*(-sin(2'*pi*fc.*t)); 

«Plotl3 

snbplot(211), 

plo((t,[oosjiiod;nidodd]) 

tide(i%)t  13 -modulated  odd  signal  and  delayed  odd  bits') 

xld)d(TiinB') 

ylabeK’Anqtlitude') 
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%Plot  14 


subplot(212), 

pIot(t,[siiiLinodpuzleven]) 

titkCPiot  14  -  modulated  even  signal  and  delayed  evoi  bits') 

xlabelCnme') 

ylabelCAnqtlitude') 

pause 

dg 

qpsl^sigsscos_inod4-sin_mod;  %sum  tbe  signals  in  the  time  dmnain 
clear  cosLimxhclear  sinjnod; 

%Plot  IS 

8ubplot(211), 
plo^t.qpsk^sig,  'b') 
dtleCPlot  15  -  QPSK  signal') 
xlabdCTime') 
ylabelCAmplitude*) 

[qpskspecJIz]sq)ectral(qpslL.sig,delttL.t):  %generate  tbe  QPSK  spectrum 
clear  qpsliLsig; 

axis; 

%Plot  16 

subplot(212), 

|doO[Hz(l:2000),qp8kq>ec(l:2000)) 
dtle^ot  16  -  QPSK  spectrum*) 
xlabdCFteqneacy  in  Hz') 
ylabelCAmplitude’) 
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APPENDIX  E~COMMUNICATIONS  TOOLBOX  FOR  MATLAB 


compress.m 

%function  coinsigBCompress(s.mu,Vm) 

% 

%COMPRESS  compresses  the  signal  's'  using  using  the  mu-2SS 
%companding  law,  returning  'comsig'.  Values  of  mu  must  be 
%between  1  and  2SS;  mu  s  i  results  in  a  linear  function 
%(no  compression). 

%Input  parameters: 

%  s~the  signal  for  cominession  and  later  expansion 
%  mu~the  degree  of  compression  effected  (mu  =  2SS  delivers  the 
%  highest  compression,  mu  =  1  results  in  no  compression) 

%  Vm-the  maximum  voltage  in  the  signal.  (Note:  lliis  value 
%  must  be  exact!  Using  the  'max'  command  to  pass  in  the 
%  variable  ensures  its  accuracy.) 

%Written  by  Mike  Shields  27  Jul  93 
%Edited  by  Susan  Guckelberg  5  Dec  93 

function  comsigscompress(s4nu,Vm); 

signss(2'*sign(s))-l;  %find  the  sign  of  each  value  of  s  and  adjust  to 
%avoid  division  by  0 

bslog(mu.*(abs(s)/Vm)+l);  %the  compression  function 
b=b.*^m/log(l+mu)); 

comsig=b.*8igns;  %restore  the  signs  to  s 
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convert.m 


%fuaction  coav_nuin3caiiveit(deciinal.syinbols,ele(nents) 

% 

%CONVERT  takes  a  decimal  number  value  'decimal'  and  returns  its 
%tq;M«sentation  using  the  number  of  'symbols'  raised 
%lo  the  number  of  'elements'. 

%Inpttt  parameters: 

%  decimal~a  base  10  number  for  conversion  to  another  base 
%  symbolS"the  number  of  symbols  in  the  coding  scheme 
%  (binatys2,  quad»4,  hexsl6) 

%  elements--the  number  of  places  in  the  coding  scheme 
%  (the  power  to  which  the  number  of  symbols  is  raised) 

%Wriuen  by  Susan  Guckelberg  2S  Jul  93 

function  conv_numsconvert(decimai,symbols.elements); 

fw  k-l:elements 

c(Miv_num(elements-«-l-k)=iem(deciniaI^ymbols): 

decimal=fn(decimal/symbols); 

end 
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conv  am.m 


%fuiiction  convainsigsconv_am(msg4cita_t/c,m) 

% 

%CON_AM  nonnalizes  the  input  message  signal  ‘msg‘. 

%raises  it  by  1,  modulates  it  using 'm'  and  'fc'.  and  returns  the 
%conventiod  AM  modulated  signal  'convamsig'. 

%Input  parameters; 

%  msg-the  message  signal,  normalized 
%  delt4_t-the  step  size  of  the  time  vector 
%  fc~die  frequency  of  the  carrier  (modulating)  signal 
%  m-the  indra  modulation  (values  between  0  and  1) 

%Written  by  Susan  Guckelberg  10  Aug  93 

function  convamsigsconv_am(msg,delta_t,fc  jn); 

ts(l  •‘length(msg))*delta_t;  ^regenerate  the  time  vector 

nonnsigsmsgymax(abs(msg));  %normalize  the  signal 

convamsig=(l+m*normsig).*cos(2*pi*fc*t);  %multiply  by  the  modulation  index. 

%add  1  to  raise  the  values  above  0, 

%and  modulate  the  signal 
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encode.m 


%fiBictioii  codedsigBenc»(le(lM_nuins.syinbols,deinents) 

% 

%ENCOI%  accqxs  the  vector  of  bin  numbers  'bin.nums' 
%genenied  by  'quantize.m'.  For  each  number  in 
%lHit_nums',  convertm  is  called  to 
^convert  it  to  the  desired  base  Csymbois*).  It  returns 
%die  encoded  signal  'codedsig'.  the  length  of  bin.nums 
%multiplied  by  'elements'. 

%Input  paramenteis: 

%  t^_nums-a  vector  (tf  bin  numbers  returned  frcnn  bipolar.m 
%  symbolS'-the  number  of  symbols  in  the  coding  scheme 
%  (binarys2,  quada4,  hexsl6) 

%  elements~the  number  of  places  in  the  coding  scheme 
%  (die  power  to  which  the  number  of  symbols  is  raised) 

%Written  by  Susan  Guckelberg  24  Jul  93 

function  codedsigsencode(bin_nums^ymboIs.eIements); 

codedsigsQ: 

f(X'  isi:length(bin_nums) 

codedmimsconvert(bin_nums(i),symbols,elements); 
oodedsig>B{oodedsig  codednum]; 
end 
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envelope.m 


%finction  envsig>eave)ope(x) 

% 

%ENVELCXC  perfonns  an  envelope  detection  on  the  input  signal 
%‘x‘  by  computing  the  Hilbeit  transform  of  x,  resulting  in 
%the  magnitude  of  the  complex  envelope. 

%lnput  parameter. 

%  x~the  signal  to  be  envelope-detected 

%Written  by  Domis  W.  Brown  8  Sep  93 

%Editedby  Susan  Guckelberg  26  Dec  93 

%Hilbm  ttansfonn  section  written  by  Charles  Denham  7  Jan  88 

%Revised  by  LS.  19  Nov  88. 22  May  90.  TPK  4  Nov  92 

%C:bpyrighted  by  The  MathWorks.  Inc.  1988.1990,1992 

function  oivsigsenvelopeCx): 

envsig=D: 

%the  fcdlowing  section  is  based  on  the  function 
%HILBERT  ct^yrighted  by  The  MathWtxks,  Inc. 
%%%%%%%%%%%%%%%%%%%%%%%%% 

[r.c]ssize(x);  %find  the  size  of  x 

ifpsal 

xsx.';  ^transpose  the  vector  into  a  column 
end 

[n.cc]ssize(x);  %perform  a  Hilbert  transform 

ms2^'nexqx)w2(n); 

y»ifft(teal(x)4n); 

ifm~sl 

h»[l;  2*ones(fK((m-l)/2),l);  1;  zeios(fix((m-l)/2).l)]; 
y(:)=y.*h(:,ones(l.cc)); 
end 

ysifftCy^n); 

yay(l:n,:); 


if  nasi 

y=y-’; 

end 

%%%%%%%%%%%%%%%%%%%%%%%%% 
%end  of  the  section  based  on  HILBERT 

envsigaabs(y);  %generate  the  envelope 
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expand.m 

%functioii  e]q)aiisigBexpaiid(s4nu,Vin) 

% 

%EXPAND  expands  the  signal  *s‘  using  using  the  mu'2SS 
%CQmpanding  law,  returning  'expansig'.  Values  of  mu  must 
%be  between  1  and  25S;  mu  >  1  results  in  a  linear  function 
%(no  expansion). 

%Input  parameters: 

%  s~the  signal  for  eiqMnsion  (compressed  earlier) 

%  mu~tlie  degree  ofexpanskm  effected  (mu  s2SS  delivers  the 
%  highest  expansion,  mu  «  1  results  in  no  expansion) 

%  Vm—the  maximum  voltage  in  the  signal  (Note:  This  value 
%  must  be  exact!  Using  the  ‘max'  command  to  pass  in  the 
%  variable  ensures  its  accuracy.) 

%Written  by  Mike  Shields  27  Jul  93 
%EditBd  by  Susan  Guckelberg  S  Dec  93 

function  expansigsexpand(s4nu,Vm): 

signss(2*sign(s))-l:  %find  the  sign  of  each  value  of  s  and  adjust  to 
%avoid  division  b>  0 

b>BS*(log(l'fmu)/Vm):  %the  expansion  function 
expansigs(Vm/mu)*(exp(b)-l).*signs:  %restore  the  signs  to  s 
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flattop.m 


%funciioii  [flatsig  j;)ulstm]sflatt(^s,delta_t,sampfate,d) 

% 

%FLATTOP  multiplies  the  signal  's'  and  an  impulse  train;  then 
%convolves  it  with  a  pulse  to  generate  the  flattq>-sampled 
%signal  'flatsig'. 

%Input  parameters: 

%  S"the  signal  to  be  sampled 

%  (lelt«_t"t2  -  tl,  the  step  size  of  the  time  vector  in  the  signal 
%  sampratB"the  sampling  firequency  in  Hz  (note:  minimum  sampling  rate 
%  is  twice  the  high^  frequency  in  the  message  signal) 

%  d~the  duty  cycle  (less  than  1) 

%Written  by  Rtuidy  Borchardt  27  Jul  93 
%EdilBd  by  Susan  Guckelberg  18  Oct  93 

function  [flatsig j>ulstm]=flattop(s^lia_t.samprate/l); 

length_SBiength(s);  %number  of  points  in  the  time  vector 
tot_times(length_s-l)*deita_t;  %number  of  seconds  in  the  time  vector 
Tsl/samprate;  %sampling  period  T  in  seconds 

numpulsestotjdme/T;  %number  of  pulses 
TptSBlength_s^umpuise;  %number  of  points  in  sampling  period  T 
taupts>d*Tjpts;  %number  of  points  in  tau 

pulseaones(l  4aupts);  %geneiate  pulse 

imptmszeios(l  4ength_s):  %generate  impulse  train 

imp=l:Tpts:length_s; 

imptm(imp)sones(imp); 

pulstniaconv(imptm,pulse);  %generate  pulse  train 
pnlstm>Bpulstni(l.l:length_s); 

flatsigl«s.*imptm;  %generate  the  flatu^sampled  signal 
flatsigacQav(Cbttsigl  jMilse); 

flatsigsflatsig(l,l:length_s);  %set  length  of  flatsig  to  length  of  s 
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fhi_mod.in 

%function[fin_sig4elta_f.beia]sfm_mod(t^c/citn,theta.delta_f,beta) 

% 

%FM_MOD  calculates  either  delta_f  or  beta,  whichever  was  not 
%passed  in,  and  returns  both,  along  with  the  frequency-modulated 
%signal  'fin_sig'.  Generates  single-  and  multi-tone  signals. 

%Input  parameters: 

%  t~the  time  vector  on  which  the  message  signal  is  based 
%  Ac~theamiditude(tf  the  returned  frequency  modular  signal 
%  fC"the  frequency  of  the  returned  frequency  modulated  signal 
%  fm-the  fir^uency  of  the  message  signal  (a  vector  ftH*  multi-tone  signals) 

%  iheta-the  phase  of  the  message  signal  (a  vector  for  multi-tone  signals) 

%  delta_f~the  maximum  frequency  deviation  (if  unknown,  pass  in  'none',  with 
%  quotes,  and  it  will  be  calculated  and  returned) 

%  beta-the  index  of  modulation  (if  unknown,  pass  in  'none',  with  quotes,  and 
%  it  will  be  calculated  and  returned) 

%  Note:  Either  delta_f  or  beta  MUST  be  passed  in 

%Written  by  Susan  Guckelberg  19  Aug  93 

function  (fin_sig,delta_f,beta]=fm_mod(i,Ac/c,fm,theta,delta_f,beta); 

if  betass'none'  %calculate  values  fcM'  beta  or  delta.f  to  user 
betassdelta_f/max(fm)-, 
elseif  deIta_frs'none' 
delta_fr:beta*max(frn); 
end 

sigmaszeros(t);  %reserve  space  to  sigma 

for  i=l:length(fin)  %generate  the  fm  signal 

sums(l:len^(t))=sin(2*pi'*fin(i)*t+theta(i)); 

sigmaissignmsums; 

end 

fin_sig=Ac*cos^*pi*fc*t+beta*sigma); 
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freq__div.in 

%functiondiv  sigsfine(i_div(squaiebspk,t/c) 

% 

%FREQ_DIV  accepts  the  squared  BPSK  signal  'squaret^sk'  and 
%pafofins  a  frequency  division  in  preparation  for  ct^rent 
%det6Ction. 

%Input  parameters: 

%  squa^p^~the  squared  BPSK  signal 
%  t~the  time  vector  for  the  BPSK  signal 
%  fc-the  carrier  frequency  for  the  BPSK  signal 

%Written  by  Susan  Guckelberg  24  Jan  94 

function  div_sigsfreqjdiv(squaiel^sk,t/c); 

div_sig*squarebpsk./cos(2*i»*fc.*t);  %divide  the 
%squaied  signal  by  the  carrier 
%fr^uency  to  shift  back  to  fc 
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fsk.m 

%funcaon  fsli3ig>£5k(di^sig^t9_t.biiraiB.&eq_0,fre4_ 

% 

%FSK  perfanns  frequency  shift  keying  on  the  input  digital 
%signal  'dig_sig',  returning  'fsksig.' 

%Input  parameters: 

%  dig_sig-the  digital  input  signal,  usually  NRZL 
%  de]ta_t"t2  •  tl.  the  stq>  size  of  the  time  vector  in 
%  thesignal 

%  freq_0>-the  frequency  assigned  to  O'value  bits 
%  fin<i_l~the  frequency  assigned  to  1-value  bits 

%Written  by  Susan  Guckelberg  31  Aug  93 

function  fdQigs£sk(dig_sig,delta_t,bitrate3vq_0.freq_l): 

tB(l:length(dig_sig))*delta_t;  %regeneratet 
Ts  1/bitrate;  %bit  duration  T  in  seconds 
avg_biq)ts=T/delt2Lt:  %number  of  points  in  bit 

dig_sig^g_sig(2.iength(dig_sig));  %lose  the  first  point 

z=l;  %index  ((»  bits 
isl;  6Iiindexf(H'dig_sig 

while  i<length(dig_sig)  %generate  a  frequency  vector 
%either  high  or  low 

bitpt»=iound(z*avg_bitpts)-i-»-l ;  %account  for  fractional 
%valoes  of  avg_biq)ts 

ifdig_sig(i>s=0 

fireq(i:bilpts-»-i-l>:ones(l:bitpts)*freq_0;  %Obits 
else 

fieq(L't»q)ts-i-i-l)=ones(l:biq}ts)*'fieq_l;  %1  bits 
end 

isi-fbiqMs; 

z=z+l; 

end 

fite^[freq(l)  fireq];  %add  one  point  at  beginning 
%(tf  vector 

fsksigscos(2*in*freq.*t); 
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highpass.m 

%functioii  HPF«highpass(Hz^utoff) 

% 

%HIGHPASS  generates  a  simple  high-pass  filter  'HPP, 
%evaluating  frequencies  in  the  vector  llz' 

%and  using  the  cutofr  frequency  fc. 

%Input  parameters: 

%  Hz-a  vector  representing  frequencies  in  Hz,  returned  from 
%  spectral.m 

%  fc~the  cutoff  frequency  beginning  the  filter 
function  Hn^Mhighpass(Hz,cutoff); 

HPF-=Hzy(l-Ki*cutoff)); 
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hilbert.m 

%function  hilbsigahilbert(anysig) 

% 

%HILBERT  returns  'hilbsig',  the  real  part  of  the  hilbert  transform 
%of  the  input  signal  'anysig',  showing  a  90^  phase  shift 
%Hilbert  is  called  by  the  function  ssb.m. 

%Input  parameters: 

%  anysig"the  input  signal 

%  Written  by  Susan  Guckelberg  30  Jul  93 

function  hilbsig=hilbert(anysig); 

length_s=length(anysig); 

ffthilb=fft(anysig);  %take  the  fast  fourier  transform  of  the  signal 

%multiply  first  half  of  transform  by  -j 
%and  second  half  by  j 

hilbjsig=[ffthilb(l)  ffthilb(2:ceil(length_s/2)).*(-j) ... 
ff^lb(ceilOength_s^>  1  ;length_s).  *j]; 

hilbsig=real(ifft(hilbjsig)):  %take  the  inverse  fast  fourier  transfwm 
%and  return  the  real  part 
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idealbnd.m 


%fiinction  IBn«idea]bnd(Hz,cutofr],cutofi!2) 

% 

%IDEALBND  genoates  an  ideal  band-pass  filter  IBPF.  evaluating 
%frequencies  in  the  vecUM'  'Hz'  and  using  the  frequencies 
%between  'cutoff  1'  and  'cutoff2'. 

%Input  parameters: 

%  Hz-^  vector  rqwesenting  frequencies  in  Hz.  remmed  from 
%  q)ectral.m 

%  cutofn»the  frequency  beginning  the  filter 
%  cutoff2"the  frequency  ending  the  filter 

%WTitten  by  Susan  Guckelberg  12  Jul  93 

function  IBPF=idealbnd(Hz,cutofrl  .cutoff2);  %2  cutoff  frequencies 

IBPF=[zeros(l,cutoffl)  ones(l.cutoff2-cutoffl) ... 
2eros(Uength(Hz><Hitofr2)]; 
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idealhi.m 

%fi]nction  IHPBBidealhi(Hz.cutofI) 

% 

%IDEAHLHI  generates  an  ideal  high-pass  filter  1HPP.  evaluating 
%fipequencies  in  the  vectcv  Hz'  and  using  the 
%fitequencies  beginning  with  cutoff. 

%Input  parameters: 

%  Hz-a  vector  representing  frequencies  in  Hz,  returned  from 
%  qpectral.m 

%  cut^-the  frequency  beginning  the  filter 

%Written  by  Susan  Guckelberg  12  Jul  93 
%Revised  21  Jul  93 

function  IHPF=idealhi(Hz,cutoff): 

fr=cutof]^(Hz(2>Hz(l)); 

IHPF=(zcros(l/0  ones(Uength(Hz)-fO]; 
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ideallow.m 

%functkm  nJ^ideallow(Hz.cutoR) 

% 

%IDEALLOW  generates  an  ideal  low-pass  filter  'ILPF,  evaluating 
%frequencies  in  the  vector  'Hz'  and  using  the  frequencies 
%en^g  with  'cutoff'. 

%Input  parameters: 

%  Hz-a  vectra  rqnresenting  frequencies  in  Hz,  returned  from 
%  q)ectral.m 

%  cutoff"the  frequency  ending  the  filter 

%Written  by  Susan  Guckelberg  12  Jul  93 
%Revised  10  Aug  93 

function  ILPFsideallow(Hz.cutoff): 

midfreqscutoff/(Hz(2)-Hz(l)); 
nJ¥s[ones(l,midfreq)  zeros(l,length(Hz)-midfreq)]; 
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impsamp.m 


ftfiinctioa  [inipsig,iinpcni]»iinpsainp(s,delta  t,samptBte) 

% 

%IMPSAMP  multiplies  the  signal  's'  and  an  impulse  train  to 
^generate  the  impulse-sampled  signal  'impsig'. 

%Input  parameters: 

%  s-the  signal  to  be  sampled 

%  delta_t~t2  -  tl,  the  step  size  of  the  time  vector  in  the  signal 
%  samprate~the  sampling  frequency  in  Hz  (note:  minimum  sampling  rate 
%  is  twice  the  highest  frequency  in  the  message  signal) 

%Written  by  Randy  Borchaidt  27  Jul  93 
%Edited  by  Susan  Guckelberg  18  Oct  93 

function  [impsig4mptm]simpsamp(s.delta_t.samprate): 

length_sslength(s);  %number  of  points  in  the  time  vector 
tot_times(length_s-l)'*delta_t;  %number  of  secmids  in  the  time  vector 
T=  l/sami»ate;  %sampling  period  T  in  seconds 

numpulse=tot_time/T;  %number  of  pulses 
Tptsalength_$Aiumpulse:  %number  of  points  in  sampling  period  T 

imptm=zeros(l.length_s):  %geneiate  impulse  train 

impBl:‘T]pts:length_s: 

imptm(imp)=ones(imp); 

impsigss.*imptm;  %generate  the  impulse-sampled  signal 
impsig«impsig(l  ,1  :>ength_s);  %set  length  of  impsig  to  length  of  s 
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lowpass.m 

%function  LFFslowpass(Hz,cutoff) 

% 

%LOWPASS  goieiates  a  simple  low-pass  filter  IPF, 
%evaluating  fiequencies  in  the  vector  liz'  and  using  the 
%firequencies  en^ng  with  'cutoff. 

%Input  parameters: 

%  Hz~a  vector  rq»esenting  fiequencies  in  Hz.  returned  from 
%  spectraljn 

%  cutoff-lhe  fiequency  ending  the  filter 
%Written  by  Susan  Guckelberg  12  Jul  93 
fimction  LPFalowpass(Hz.cutoff); 

UPF=1  7(l+(j.*(H2./cutoff))); 
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manchest.m 


%finctk)n  [inaiiclisig^iLUnuisec]siiianche^codedsig.delta_t,bitrate) 

% 

%MANCHEST  takes  a  binaiy-encoded  signal  and  prepares  it  for 
%plottiQg  as  a  manchester-coded  signal.  It  returns  the 
%signal  'manchest'.  a  time  vecttv  'bit_t',  and  the  number  of 
%seconds  needed  fw  transmission  'transec'. 

%Input  parameters: 

%  codedsig-a  binary-encoded  signal 
%  deltau.t~t2  -  tl.  die  step  size  of  the  time  vector  in  the  signal 
%  bitrate-number  of  bits  per  second  desired  for  the  ouqiut 
%  signal 

%Wtitten  by  Susan  Guckelberg  25  Jul  93 

function  [manchsig,bit_t,transec]=manchest<codedsig.delta_t.bitrate); 

Ts  lAiitrate;  %sampling  period  T  in  seconds 
avg_T^ts=(l/delta_t)*'T:  9bnumber  of  points  in  T 


k=l; 

i=l; 

while  i<alength(codedsig)  %fill  half  the  sampling  period  T  with 
%either  0's  or  I's  and  the  reverse  for 
%the  remainder 

T))ts«Toand(i*avg^Tpts)-k+l;  %accountf(»‘ fractional 
%values  of  avg_Tpts 

halfra<oimd(7)xs^); 
if  codedsig(i)=»l 

manchsig(k:k-i-haIfr-l>sones(l  :halfr); 
manchsig^4-halfT+  l:k+Tpts)=- 1  .*ones(l:Tpts-halfT); 
else 

manchsig(k;k-fhalfT-l)=-l  .'*ones(l;halfr); 
manchsig^+haIfr-fl:k+Tpts)=ones(l:Tpts-halfr); 
end 

k-k+l^; 

i=i+l; 

end 

transeolength(manchsig}'*delta_t;  %numberofseconds  needed  for 

%transmission  of  the  coded  signal 

manchsigs[manchsig(l)  manchsig];  %add  one  point  to  manchsig 

%to  account  for  zero 

%in  time  vector,  using  value  of 

%first  point 
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bU_M):debaLt*transec;  %tinie  vector  for  bitstream 
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nat8amp.in 

%function  [natsig  j>uIstm]«iiatsamp(s,delUL.usainpraie,d) 

% 

%NATSAMP  mutinies  the  input  signal  's'  and  the  pulse  train 
%'pulstni'  to  generate  the  natuiidly-sampled  signal  'natsig'. 
%Iiq)utparaaieiers: 

%  s~the  signal  to  be  sampled 

%  detajL-H  •  tl,  the  step  size  of  the  time  vector  in  the  signal 
%  sanqjrate-the  snnpling  frequency  in  Hz  (note:  minimum  sampling  rate 
%  is  twice  the  high^  frequency  in  the  message  signal) 

%  d~the  duty  cycle  (less  thu  1) 

%Wiitten  by  Randy  Borchaidt  27  Jul  93 
%Edited  by  Susan  Guckelberg  18  Oct  93 

function  [natsigj)ulstm]snatsamp(s.delta_t.samprate,d); 

length_SBlength(s):  %number  of  points  in  the  time  vector 
tot_timea(lcngth_s-l)'*delta_t;  %number  of  seoMids  in  the  time  vector 
Tsl/sampraie;  %sampling  period  T  in  seconds 

numpu]sesiot_time/r:  %number  of  pulses 
1)>ts«length_sAiumpulse;  %number  of  points  in  sampling  period  T 
tauptsad^'Hpts;  %numba^  of  points  in  tau 

pulse-onesfl  .taupts);  %genetate  pulse 

impirnszeios(l  Jength.s);  %generatB  impulse  train 

impsltl^tlength.s: 

imptm(imp)aones(imp); 

pulstrn=conv(imptm,pulse);  %generatB  the  pulse  train 
pu]strnspulstrn(l,l:length_s); 

natsiglss.*pulstm;  ^multiply  the  signal  and  pulse  train 
natsigsnalsigl(l,l:length_s);  %set  length  of  flatsig  to  length  of  s 
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nrzlbi.m 


%function  [ni2lsig.bit_Mransec]»mzibi(codedsig,delta_t,bitraie) 

% 

%NRZLBI  takes  a  binary-encoded  signal  and  inepares  it  for  plotting 
%as  a  non-retum-to-zero  bipolar  level  signal.  It  returns  the 
%signal  'nrzlsig',  the  time  vector  'bit.t',  and  the  number  of 
%seconds  needed  for  transmission  'transec'. 

%Input  parameters: 

%  codedsig-a  binary-encoded  signal 
%  delta_t~t2  •  tl,  the  step  size  of  the  time  vector  in  the  signal 
%  bitrate-number  of  bits  per  second  desired  for  the  output 
%  signal 

%Algorithm  by  Pete  Hutson  17  Mar  93 
%Written  by  Susan  Guckelberg  25  Jul  93 

function  [nrzlsig,bit_t,transec]=nrzlbi(codedsig,delta_t,bitrate): 

Tsl/biirate;  %bit  duration  T  in  seconds 
avg_Tpts=(l/delta_t)*T;  %number  of  points  in  T 

k=l;  %index  for  mzlsig 
isl ;  %index  fcff  codedsig 

while  i<slength(codedsig)  %fill  T  with 
Neither  O’s  or  I's 

Tptsssround(i*avg_1))ts)-k-«-l ;  %account  for  bacUonal 
%values  of  avg_Tpts 

if  codedsig(i)=l 

nrzIsig(k:k-HTpts-  l)=ones(  1  :Tpts); 
else 

nizisig(k:k-fTpts-l)=ones(l:Tpts)*(-l); 

end 

k=k-i-'Ij)ts; 

i=i-»-l; 

end 

transecslength(nizlsig)*delta_t;  %number  of  seconds  needed  for 
%ttansmission  of  the  coded  signal 

ntzlsig=[nizlsig(l)  nrzlsig];  %add  one  point  to  nrzlsig 
%to  account  fm:  zero 
%in  time  vector,  using  value  of 
%flrst  point 

bit_M):delta_t:tiansec;  %time  vectcH'  for  bitstream 
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%function  [nizlsig,biLt,transec]=nfzluni(codedsig,delULt,bitniie) 

% 

%NRZLUNI  takes  a  binary-encoded  signal  and  prepares  it  for  plotting 
%as  a  non-ietum-to-zero  unipolar  level  signal.  It  returns  the 
%signal  'nrzlsig'.  die  time  vecux’  'bit_t',  and  the  number  of 
%seconds  needed  for  tnmsmission  liansec'. 

%Inputpaiam^ers: 

%  code^g-a  binary-encoded  signal 
%  delta^t~t2  -  tl,  the  step  size  of  the  time  vector  in  die  signal 
%  bitrate-number  of  bits  per  second  desired  for  the  output 
%  signal 

%Algorithm  by  Pete  Hutson  17  Mar  93 
%Written  by  Susan  Guckelberg  2S  Jul  93 

function  [nrzlsig,bit_t,transec]snrzluni(codedsig.delta_t,bitrate); 

Ts  1/bitrate;  %bit  duration  T  in  seconds 
avg_Tpts=(l/delta_t)*T;  %number  of  points  in  T 

ksl;  %index  for  points  in  nrzlsig 
i«l;  %index  for  points  in  codedsig 
while  i<slength(codedsig)  %fill  T  with 
%either  O's  m  I's 

Tptssround(i*avg_Tjpts)-k-»-l;  %account  for  fiacdonal 
%values  of  avg_Tpts 

ifcodedsig(i)asl 

nrzlsig(k:k-t-Tpts-l>=ones(l:Tpts); 

else 

ntzlsig(k:k-»-Tpts-  l)=zeros(l  :Tpts); 
end 

ksk+Tpts; 

i=i+l; 

end 

transec=leogth(nrzlsig)’*delta_t;  %number  of  seconds  needed  for 

%transmission  of  the  coded  signal 
nrzlsig=[nrzlsig(l)  nrzlsig];  %add  one  point  to  nrzlsig 
%to  account  fw  zero 
%in  time  vector,  using  value  of 
%rrrst  point 

bit_ts=0:deita_t:transec;  %time  veettx'  for  bitstream 
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par_ser.ni 

%functioncoinb_sig=:f>ar_ser(odd_sig,even_sig.delta_t,biaate) 

% 

%PAR_SER  accqxs  the  odd  and  even  signals  previously  separated  in 
%tite  function  'ser_par.ni'  and  combines  them  at  twice  their 
%bitrate,  returning  'comb.sig'. 

%Input  parameters: 

%  o^_sig~the  digital  signal  composed  of  odd  bits,  returned 
%  fitom  ’scr_par  jn’ 

%  even_sig— the  digital  signal  composed  of  even  bits,  returned 
%  from  'ser_par.m' 

%  delta_t-t2  -  tl ,  the  step  size  of  the  time  vector  in  the  signal 
%  bitrate-number  of  bits  per  second  in  the  oiginal  digital 
%  signal  Qotftat  separation) 

function  comb_sig=par_ser(odd_sig,even_sig,delta_t,bitrate); 

odd_sig=odd_sig(2;length(odd_sig));  %remove  last  value,  added 
cvcnjsig»even_sig(2:length(even_sig));  %to  account  for  0  in  time  vector 

bit_dur=  l^itrate;  %bit  duration  in  seconds 
avg_bi^>ts=(l/delta_l)*bit_dur,  %number  of  points  in  each  bit 

kal;  %index  for  bits 

isl ;  %index  for  length  of  vector 

^generate  combined  signal  at 
while  klengthfodd.sig)  %twice  the  bitrate  passed  in 

biq>tS3n)und(k*avg_bitpts)*i+l;  %account  for  fractional 
%values  of  avg^biq>ts 

comb_sig(i:i+bitpts-l>sodd_sig(i:i+bitpts-l); 

isi-t-bitpts; 

ksk+1; 

biq>tssround(k*avg_bitpts)-i+l;  %account  for  fractional 
%values  of  avg_biq)ts 

comb_sig(i;i+biq)ts-  l)=even_sig(i:i+biq)ts- 1); 

b=k-t-l; 

i=i-t-bitpts; 

end 

comb_^gB[comb_sig(l)  comb.sig]:  %add  one  point  to  comb.sig 

%to  account  for  zero 

%in  time  vector,  using  value  of 

%first  pc»nt 
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psd.m 


%function[psdsigJlz4itsig]=psd(anysig.delta  t) 

% 

%PSD  perfonns  a  fast  fourier  transform  on  the  input  signal  'anysig' 
%and  letuins  'ffisig'.  F6r  a  power  ^)ectral  density  graph, 

%pk>t  ’psdsig’  against  llz'.  To  find  avoage  signal  power, 

%int^rate  psdsig  by  using  the  'sum'  command. 

%lnpat  parameters: 

%  anysig-the  input  signal 

%  delta_t"t2  -  tl,  the  step  size  of  the  time  vector  in  the  signal 

%Written  by  Susan  Guckelberg,  S  Aug  93 

function  [psdsig,Hz,fflsig]spsd(anysig,delta_t); 

fftsigsffUanysig);  %find  the  fast  Fourier  transform  of  the  signal 

abfftsig=abs(fftsig):  %find  the  absolute  value  of  the  transform 

lengih_fslength(abf{tsig);  %rind  the  length  of  the  fourier  transform 

shortsig=[abfftsig(l)  abfftsig(2:ceil((length_f)/2))];  %excluding  first 

%value,  truncate  the  vector 
%  to  half  its  length 

lengthss=length(shortsig):  %find  length  of  transform  vector 

psdsig=shortsigyiengthss:  %scale  down  amplitude  by 
%dividing  the  frequency  values 
%by  the  vecttM-  length 

psdsig=(psdsig.^2)/2;  %square  and  halve  the  ampUttides 
nyqfFeqsi/(delta_t*2);  %&nd  the  Nyquist  frequency 
Hz=nyqfreq‘*‘(l:lengthss)/lengthss;  %create  Hz  frequency  vector 
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pulspos.m 


%function  ppsigspulspos(s,delta_t;sainpiate,pulsdur) 

% 

%PULSPOS  returns  the  pulse-position-modulated  signal  '[^sig'  for 
%the  signal  's'.  Pulse  amplitude  is  set  at  half  of  the  maximum 
%amidiuide  of  the  signal.  Offset  values  are  calculated  from  the 
%beginning  of  the  sampling  period  T. 

%Inputparametas: 

%  s~tlw  signal  to  be  sampled 

%  delta_t-t2  -  tl,  the  step  size  of  the  time  vector  in  the  signal 
%  samprate-the  sampling  frequency  in  Hz  (note;  minimum  sampling  rate 
%  is  twice  the  highest  frequency  in  the  carrier'^ 

%  pulsdur~the  pulse  duration  (fraction  of  the  sampling  period  T).  Maximum 
%  pulse  offset  is  T  -  pulsdur. 

%  (Note:  pulsedur  is  typically  small;  the  larger  the  pulse  duration, 

%  the  smaller  the  maximum  pulse  offset) 

%Written  by  Susan  Guckelberg,  6  Jul  93 
%Revised  8  Nov  93 

function  i^sig=pulspos(s,delta_t,samprate,pulsdur); 

length_s=length(s);  %number  of  points  in  the  time  vector 

tot_time=!length_s*delta_t;  %number  of  seconds  in  the  time  vector 
T=  1/samprate;  %sampling  period  T  in  seconds 

numpulsestoLtime/T;  %number  of  pulses 

avg_T|ptsslength_f^umpulse;  %avg  number  of  points  in  sampling  period  T 
taupts=ceil(avg_Tpts*pulsdur);  %set  the  pulse  duration  tau, 

%avoiding  zero  values 

minamp=:min(s);  %find  the  minimum  amplitude  in  s 
maxampsmax(s);  %find  the  maximum  amplitude  in  s 
pulsamp=maxamp/2;  %set  the  pulse  amplitude 
pos_s=s-fabs(minamp)+.01;  %increase  s  values  to  all  positive 
max_pos=max(pos_s);  %find  the  maximum  amplitude  in  pos_s 

i=:l;  %initialize  index 
pulsenum«l; 

while  i<slength_s  %genaate  pulse  position  modulated  signal 
pulsperc=posjs(i)/max_pos;  %flnd  the  percentage  of  each  pulse 
%amplitude  to  the  maximum  amplitude 
I^ts=iound(pulsenum'*avg_Tpts)-i+l;  %accountf(»’ Phonal 

%values  of  avg_Tpts 

mxoffptssTjpts-taiiots;  %find  maximum  offset  value 
prezeroBceil(pulspac*mxof]^ts);  %assign  the  amplibide  percentage 
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%to  the  pulse  offset 

postzerosT^ts-taupts-prezero;  %find  the  number  of  points 
%nee(ied  to  fill  T 

ifT|>tsssstaupts 

ppspulsamp*ones(r.T^ts);  %pulse  extends  the  entire  width  of  T 
else 

%zeio  level  signal  points  preceding  pulse 
pulse(  1  :prezen)H>ulq)erc*zer^  1  rprezoo); 

%pulse  points  with  value  pulsamp 
pulse^vezenH- 1  ;piezero+taupts)=pulsamp*ones(l  rtaupts); 

%zero  values  for  remainder  of  T 
pulse(prezero+taupts+l:Tpts)=zeros(l:postzero); 
end 

%generate  the  pulse  position  modulated  signal  ppsig 
ppsig(i:i+Tpts-l)=pulse(l:Tpts); 
i=i+Tpts; 

pulsenum=pulsenum+ 1 ; 
end 

if  length(ppsig)<length_s  %add  zeros  to  ppsig  if  shorter  than  s 
ppsig=[ivsig  zeros(  1  :length_s-length(ppsig))]; 
end 

if  length(ppsig)>length_s  %truncate  ppsig  if  longer  than  s 
ppsig=i^ig(  1 :  length_s): 
end 
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%function  pwsigspulswid(s,(lelta_t,samprate4naxdur) 

% 

%PULS  WID  returns  the  pulse~width-inodulated  signal  ^wsig'  for  the 
%signal  's'.  The  amplitude  of  pwsig  is  half  the  maximum  amplitude 
%of  s. 

%lnput  parameters: 

%  s-the  signal  to  be  modulated 

%  delta_t--t2  •  tl,  the  step  size  of  the  time  vector  in  the  signal 
%  samprate-the  sampling  frequency  in  Hz  (note:  minimum  sampling  rate 
%  is  twice  the  highest  frequency  in  the  carrier) 

%  maxdur-the  maximum  pulse  duration,  expressed  as  a  fraction  of 
%  the  sampling  period  T  (Note:  maximum  can  be  1,  typically  close  to  1) 

%Wriuen  by  Susan  Guckelberg,  6  Jul  93 
%Revised  7  Nov  93 

function  pwsigspulswid(s,delta_t,samprate4naxdur); 

length_s=length(s);  %number  of  points  in  the  time  vector 

tot_time=length_s*'delta_t:  %number  of  seconds  in  the  time  vector 
T=l/samprate:  ^sampling  period  T  in  seconds 
numpuls^tot_time/T;  %number  of  pulses 

avg_'I^ts=lengih_sA>umpulse;  %avg  number  of  points  in  sampling  period  T 

minampsmin(s);  %nnd  the  minimum  amplitude  in  s 
maxampsmax(s);  %fmd  the  maximum  amplitude  in  s 
pulsamp=maxamp/2;  %set  the  pulse  ampliuide 
pos_s=s+abs(minamp)+.01;  %increase  s  values  to  ail  positive 
max_pos=max(pos_s);  %frnd  the  maximum  amplitude  in  pos_s 

i=l;  %initialize  index 
pulsenumsl; 

while  i<=Iength_s  %generate  pulse  width  modulated  signal 
pulsperc=pos_s(i)Anaxj;)os;  %nnd  the  percentage  of  the 

%amplitude  to  the  maximum  amplitude 

Tptssiound(pulsenum*avg_Tpts)>i-i-l ;  %account  for  fractional 
%  values  of  avg_Tpts 

maxpuls=Tjpts*maxdur,  %set  the  maximum  pulse  duration 

taiq)tssceil(pulsperc*maxpuls);  %assign  the  percentage  to  the  maximum 
%pulse  duration  to  find  the  number 
%of  points  in  tau,  avoiding  zero  values 

%generate  the  pulse  width  modulated  signal 
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pwpu]se(l:taupts)spuIsainp*ones(l:taupls};  %pulse  points  with 

%v^uepulsamp 

pwpulse(taupts-«- 1  :Tpts)=zeros(l  :Tpts-taupts);  %zero  values  for 

%ieinainderofT 

pwsig(i;i+T|)ts-l)=pwpulse(l;Tpts); 

i=i+Tpts; 

pulsenuin»pulsenum+ 1 ; 
end 

if  length(pwsig)<Iength_s  %add  zeros  to  pwsig  if  shorter  than  s 
pwsig=(pwsig  zeros(  1  :length_s-iength(pwsig))]; 
end 

if  length(pwsig>length_s  %truncate  pwsig  if  longer  than  s 
pwsig«pwsig(l  :length_s); 
end 
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%function[quanch_x,quaiich_y^uan_sig.bin_iuiins]ssquantize(symbols, 

%eleineiits^,samiHate,delta_t) 

%  _ 

%QUANTIZE  accepts  a  signal  'ss'  ranging  between  -10  and  10  volts. 
%It  returns  1»n_nuins'.  a  vector  containing  the  bin  numbers 
%for  the  quantization  scheme  (bin  numbers  begin  with  0); 

%the  bipolar  quantized  signal  'quan_sig'  (values  ate  rounded 
%rather  than  truncated);  and  vectors  'quanch.x*  and  'quanch_^', 

%for  use  in  plotting  the  quantization  characteristic. 

%F(»'  quantization  system  characteristic  only,  input  only  'symbols' 
%and  'elements',  and  define  ouq)uts  'quanch_x'  and  'quanch_y'. 

%Input  parameters: 

%  ss-the  sampled  signal  to  be  quantized  (usually  a  flattop- 
%  sampled  signal) 

%  samprate-the  sampling  frequency  in  Hz 
%  delta_t~t2  -  tl,  the  step  size  of  the  time  vector  in  the  signal 
%  symbols~the  number  of  symbols  in  the  coding  scheme 
%  (binary=2,  quad=4,  hexsl6) 

%  elementS"the  number  of  places  in  the  coding  scheme 
%  (the  pow»'  to  which  the  number  of  symbols  is  raised) 

%Written  by  Susan  Guckelberg,  21  Jul  93 
%Revised23Nov93 

function[quanch_x,quanch_y,quan_sig.bin_nums]-quantize(symbols,... 

elemeius,ss,sampiatB,delta_t); 

nmqsslO;  %maximum  value  in  the  quantized  signal 
minqs=-10:  ^minimum  value  in  the  quantized  signal 

levels=symbols^lements:  %number  of  levels  in  the 
%quantization  scheme 

binsslevels-l; 

stairs(maxqs-minqs)/leveis;  %size  of  the  vertical  step  in 
%the  quantization  scheme 

for  k=:l:levds+l  %set  the  quantization  characteristics 
quanch_y(k)=minqs+(Oc-l)'*stair); 
ifk=l 

quanch_x(k>sminqs; 
dsdfksalevels+1 
quanch_x^)smaxqs; 
quanch_y^)=minqs+((k-2)*stair): 
else  quanch_x^>=ininqs-K(k- 1  .S)*stair); 
end 
end 
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if  naiginsS  %use  when  a  signal  is  input  for  quantization 


lengthss»l^th(ss); 

tot_liines(lengthss-l)*delUt_t;  %number  ttf  seconds  in  the  time  vector 
Tsl/samprate;  %sampling  period  T  in  seconds 

numpuls6stDt_tiine*sampiate;  %number  of  pulses 
avg_T|ptssIengthss/humi^se;  %avg  number  of  points  in  sampling  period  T 

i=l;  %initialize  index  i,  q,  and  pulsenum 
0=1; 

pulsenumsl; 
while  i<lengthss 

levelsminqs;  %initialize  minimum  quantized  signal  level 
jsl;  %initialize  index 

while  ss(i)>quanch_y(j)+-5*stair  %check  for  values  halfway 
levels5quanch_y(j+l);  ^between  steps 

j=j+i; 

if  jassievels  %maximum  level  reached 
bleak 
end 
end 

TptssioundCpulsenum^avgJTptsVi+l ;  %account  fw  fractional 
Rvalues  of  avg_Tpts 

quan_sig(i:Tpts-t-i-l>=level*(mes(l:Tpts):  %generate  quantized  signal 
bin_nums(q^j-l;  %bin  numbers  begin  with  0 
0=0+1; 
i=i+Tpts; 

pulsenumspulsenum-i-1; 

end 

if  length(quan_sig)<Iengthss  %pad  quan_sig  with  last  assigned  value  if 
%shorter  than  ss 

quan_sig=[quan_sig  ss(i)*ones(l:lengthss-length(quan_sig))]; 
end 

if  length(quan_sig>lengthss  %truncate  quan_sig  if  longer  than  ss 
quan_sig=quan_sig(l  :lengthss); 
end 

end  %endif 
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quantuni.m 


%fiiiictkMi[quaiich_x^uanch_y.quan_sig,bin_nuins}squantuni(syinbols. 
%eleinents;ss,sampraie.delta  t) 

% 

%QUANTUNI  accepts  a  signal  'ss'  ranging  between  0  and  10  volts. 

%It  returns  1m_nums',  a  vector  containing  the  bin  numbers 
%for  the  quantization  scheme  (bin  numbers  begin  with  0); 

%the  Upolar  quantized  signal  'quan.sig'  (values  are  truncated 
%rather  than  rounded);  and  vectors  'quanch_x'  and  'quanch_y', 

%for  use  in  plotting  the  quantization  characteristic. 

%F(M‘  quantization  system  characteristic  only,  input  only  ’symbols' 
%and  'ekments',  and  define  ouqtuts  'quanch_x'  and  'quanch_y'. 

%biput  parameters; 

%  ss-the  sampled  signal  to  be  quantized  (usually  a  flattop- 
%  samided  signal) 

%  sami»aie--the  sampling  Oequency  in  Hz 
%  delta_t"t2  -  tl.  the  step  size  of  the  time  vector  in  the  signal 
%  symbols~the  number  of  symbols  in  the  coding  scheme 
%  (binary=2,  quad=4,  hex=16) 

%  elements-the  number  of  places  in  the  coding  scheme 
%  (the  power  to  which  the  number  of  symbols  is  raised) 

%Writtai  by  Susan  Guckelberg,  21  Jul  93 
%Revised  23  Nov  93 

function[quanch_x,quanch_y.quan_sig.bin_nums]=quantuni(symbols.... 

eienients,ss,samprace.delta_t); 

maxqsslO;  %maximum  value  in  the  quantized  signal 
minqssO;  %minimum  value  in  the  quantized  signal 

levels=symbolsMements;  %number  of  levels  in  the 
%quantization  scheme 

binsslevels-1; 

stair^maxqs-nunqs)/levels;  %size  of  the  vertical  step  in 
%the  quantization  scheme 

fork=l:levels+l  %set  the  quantization  characteristics 
quanch_y(k)=4ninqs+((k-l)*stair); 
ifks=l 

quanch_x(k)sminqs; 
elsdfksslevels-t-l 
quanch_x(lc)=maxqs; 
quanch_y^)=ininqs+((k-2)*stair); 
else  quanch_x^)sminqs-KO(-l)*' stair); 
end 
end 
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if  nafginaBS  %iise  when  a  signal  is  input  for  quantization 


IengthssBiength(ss): 

tot_times(lengthss*  l)*'delta_t;  %number  of  seconds  in  the  time  vector 
T»l/samprate;  %sampling  period  T  in  seconds 

numpulseBtot_tiine*samprate;  %number  of  pulses 
avg^T^KSKlengthss/num^se;  %avg  number  of  points  in  sampling  period  T 

isl;  %initialize  index  i,  q,  and  pulsenum 
<F*1; 

^senumsl; 
while  klengthss 

levelsmax(quanch_y);  %initialize  maximum  quantized  signal  level 
jslevels;  %initialize  index 
while  ss(i)<quanch_y(j) 
lcvcl=quanch_y(j- 1 ); 

if  jssO  %minimum  level  reached 
break 
end 
end 

Tt>tSBiound(pulsenum*avg_Tpts)-i+l:  %account  for  fractional 
%values  of  avg_Tpts 

quan_sig(i:Tpts4-i-  l)=level'''ones(l:Tpts);  %generate  quantized  signal 
bin_nums(q^j-l;  %bin  numbers  begin  with  0 

isi-fTpts; 

pulsenum=pulsenum+ 1 ; 
end 

if  length(quan_sig)<lengthss  %pad  quan_sig  with  last  assigned  value  if 
%shotter  than  ss 

quan_sigas[quan_sig  ss(i)*ones(l  :lengthss-length(quan_sig))]; 
end 

if  length(quan_sig>iengthss  ^truncate  quan.sig  if  longer  than  ss 
quan_sigsquan_sig(l  :lengthss); 
end 

end  %endif 
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recoverm.in 


%fuiictioii  recsig>(ecovenn(ffisig  June  Jlz/:utoSl  /:uloff2) 

% 

%RECX>VERM  returns  tesig',  a  filtered  and  recovered  modulated 
%signal. 

%Iiqwt  parameters: 

%  fftstg-themnsfonn  to  be  filtered  and  recovered 
%  fime-the  title  of  the  filter  function,  which  must  be  passed 
%  in  as  a  string  enclosed  in  quotes 
%  Rlter  functions  in  the  Communications  Todbox  are 
%  LOWPASSJH[IGHPASSJDEALLOWJDEALHI.andID£ALBND. 

%  Hz-the  vector  representing  frequency  in  Hz,  relumed  from  q)ectral.m 
%  cutt^~the  cutoff  frequency  for  low-  and  high-pass  filters 
%  cutdJ2~an  additional  cutoff  frequency,  passed  in  only  for  bandpass  filters 

^Written  by  Susan  Guckelberg  10  Aug  93 

function  recsigsrecoveim(fftsig  June  Jlz,cutoffl  ,cutof£2); 

ifnargins«4 

halffllrBfeval(func,Hz,cutoffl);  %generate  the  filter  vector 
dseifnaiginsaS 

halffltr^feval(func  Jlz,cutofri,cutoff2):  %use  fc2  for  bandpass  filter 
end 

^complete  the  filter 

fltrB[halfntr(l:length(halfntr)-l)  fliplr(halfntr)]; 
filtsigsfltr.*fftsig;  %multiply  the  filter  and  signal 
tecsigsrBal(ifrt(filtsig));  %perform  inverse  fast  fourier  uansform 
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recovers.iii 


%finctioD  rec»ig»ttcovei^fftsig4»fig>c.Hz.cutogl  fiutoBl) 

% 

%RECX>VERS  leoiros 'recsig',  a  filleted  and  fecoveied  samjded  signal. 
%Inpiitpafameters: 

%  fibig-thetiansfonn  vector  to  be  fitteied  and  recovered,  letumed 
%  fixxn  q)ectfaljn 

%  d~die  duty  cycle  of  tbe  sampled  signal.  (Note:  to  recover  an  impulse- 
%  sampled  signal,  calculate  d»sanipiate*delta_t) 

%  fimc-tbe  title  of  the  filter  function,  passed 
%  in  as  a  string  enclosed  in  single  quotes 
%  Fiber  functkms  in  the  Communications  Ibolbox  are 
%  LOWPASSJQGHPASS  JDEALLOWJD^ALHI,  and  Q^ALBND. 

%  ifa-tlie  vector  rqxesentingfiequeQcy  in  Hz,  returned  from  spectnd.m 
%  cuttrffl-the  cutoff  frequency  for  low- and  high-pass  filters 
%  cutofCZ-anadditionalcutctf  frequency,  passed  in  tmly  for  bandpass  filters 

%Written  by  Susan  Guckdbeig,  7  Jul  93 
%RevisedlOAug93 

functkn  rBCsigs«eoovers(fitsig,d4u>>cJlz/xitofn,cutoff2); 
ifnargm.nS 

halfati&fisval(func,Hzvcutofn);  ^generate  the  filter  vector 
elseifnaigin=6 

halfQtP=fevaKfuncJlz,cutoffl.cuu^);  %forband^)ass  filters 
end 

%complete  the  filter 

fbi»[lialfQti(l:length(halfntr>l)  flipbChalffitr)]; 

filtsig>:fltc.*fftsig.*(l/<9;  %moltiply  tbe  filter  and  signal 

%use  1/d  to  scale  the  signal  amplitude 

recsig=iffl(filtsi^;  %petfQnn  inverse  fast  fourier  transform 
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rzuni.m 

%fiinction  [iziiiiisig,bii^t,traiiseclsnnini(codedsig,delULt.l>itrate) 

% 

%R2^UNI  lakes  a  binary-encoded  signal  and  prepares  it  for  plotting 
%as  a  return-to-zero  unipolar  coded  signal.  It  returns  the  signal 
%'rzunisig'  and  the  number  of  seconds  needed  for  transmission 
%'ttansec'. 

%Input  parameters: 

%  code^g-a  binary-encoded  signal 
%  delta_t~t2  -  tl,  the  step  size  of  the  time  vector  in  the  signal 
%  bitrate-number  of  bits  per  second  desired  for  the  output 
%  signal 

%Written  by  Susan  Guckelberg  25  Jul  93 

function  [rzunisig,bit_t.transec]=rzuni(codedsig.delia_t,bitrate); 

Ts  1  Atitrate;  %bit  duration  T  in  seconds 
avg_TJ)tsa(l/delta_t)*T;  %number  of  points  in  T 

ksl;  %index  for  rzunisig 
Ul;  %indexforcodedsig 

while  i<slength(codedsig)  %fill  half  the  sampling  period  T  with 
Neither  O's  or  I's  and  zeros  for 
%the  remainder 

Tptsstound(i'*avg_T^ts)-k+l;  ^account  for  fractional 
%values  of  avg_T^ts 

halfT=Tound(Tpts/2); 
if  codedsig(i)=:sl 

rzunisig^:k-i-halfT-  l)=ones(l  :halfT); 
else 

rzunisigOc:k-«-halfT-  l)szeios(  1  ihalfT); 
end 

rzunisig(k-»-halfT-i-l:k-fTpts)=zeros(l:Tpts-hairr); 

ksk+Tpts; 

i=i+l; 

end 

transecsiength(rzunisig)*delta_t;  %nomber  of  seconds  needed  for 

%ttansinission  of  the  coded  signal 

rzunisigs[rzunisig(l)  rzunisig];  %add  one  point  to  rzunisig 

%to  account  for  zero 

%in  time  vector,  using  value  of 

%flr8t  point 

bit_hsO:delta_t:transec;  %time  vector  fot  bitstream 
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ser^par.m 

%functioii  [odd_sig.even_sig]sser_par(dig_sig4elta_t.bitrate) 

% 

%SER_PAR  accqMs  a  digital  signal  (one  that  is  a  function  of  a 
%tiine  vector,  such  as  those  reuimed  from  'izunLm'  or 
%'nrzlbLin')  and  sqtarates  it  into  two  digital  signals,  one 
%coinposed  of  the  odd  bits  and  one  of  the  even  bits.  The  bit 
%durations  in  the  output  digital  signals  are  twice  that  of  the 
%input  digital  signal.  Input  signals  ARE  RESTRICTED  to  those 
%with  EVEN  numbers  of  bits. 

%Input  parameters; 

%  dig_sig»the  digital  signal,  a  function  of  a  time  vector 
%  delta_t-t2  •  tl.  the  step  size  of  the  time  vector  in  the  signal 
%  bitrate-number  of  bits  per  second  in  the  input  signal 
%  dig_sig 

%Written  by  Susan  Guckelberg  6  Sep  93 

function  [odd_sig,even_sig]=ser_par(dig_sig,delta_t,bitrate): 

dig_sig=dig_sig(2:length(dig_sig));  %remove  first  value,  added 

%to  account  for  0  in  time  vector 

tot_timeslength(dig_sig)*delta_t;  %number  of  seconds  in  the  time  vector 
bit_dur=l/bitrate:  %bit  duration  in  seconds 
nuinbitssroundftot.time^bitrate):  %number  of  bits  in  input  signal 

avg_bitpts=(l/dclta_t)*bit_dur,  %number  of  points  in  each  bit 

odd_sig=D; 

evcn_sig=0; 

z=l ;  %index  fcv  counting  bits 
i=l;  %index  for  dig_sig 

%generate  odd  and  even  bitstreams  at  half  the  bitrate 

while  i<length(dig_sig) 

bitpts=round(z’*'avg_bitpts)-i+ 1 ;  %find  length  of  the  odd 
%bit  in  dig_sig.  accounting 
%for  fractional  values 
%of  avg_biq)ts 

bit(l:biq)ts)aones(l:bitpts)*dig_sig(i};  %set  odd  bit  to  the 
%value  of  dig_sig(i) 
odd.sigs[odd_sig  bit];  %addbittoodd_sig 
bit^D:  %important  to  wqie  out  the  bit 
isi+bitpts;  %advance  the  index  in  dig_sig,  keq>  bitpts  the  same 
bit(l:biQ)ts)s(mes(l:bitpts)'''dig_sig(0:  %assign  v^ue  of 
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evcn_sig=[even_sig  bit];  %next  bit  in  dig_sig 

bit=Q;  %to  even_sig 

zsz+1;  %advance  bit  number  in  dig_sig 
bi4>tssround(z*avg_bitpts)-i-»- 1 ;  %rind  length  of  next  bit 
%in  dig_sig 

bit(  1  :bitpts>=ones(  1  ;bitpts}*odd_sigOength(odd_sig)}; 
odd_sigs[odd_sig  bit];  %add  the  bit  to  odd_sig 
bit^O: 

bit(l:bitpts)sones(l:bi^ts)*even_sig(length(even_sig)); 
evcn_sig=[even_sig  bit];  %add  the  bit  to  even_sig 
bit®D; 

isi-i-biQ)ts;  %advance  index  in  dig_sig 
z=z+ 1 ;  %advance  one  bit  in  dig_sig 
end 

odd_sigs[odd_sig(l)  odd_sig];  %add  one  point  to  odd  signal 

%to  account  for  zero 
%m  time  vector,  using  value  of 
%aid  point 

even_sig=[even_sig(l)  even_sig];  %repeat  for  even  signal 
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%function  s_ii_iatio=sni(cleansig^oisysig) 

% 

%SNR  subtracts  a  noisy  signal  (usually  the  output  or 
%recovered  signal  with  noise)  from  a  clean  signal 
%(usually  the  iiqiut  or  message  signal)  and 
%retums  the  signal  to  noise  ratio  's_n_ratio'  in  dfi 
%Input  parameters: 

%  cleansig-signal  vector 
%  noisysig-signal  vector 

%Written  by  Mike  Shields  28  Jul  93 
%Edited  by  Susan  Guckelberg  S  Dec  93 

function  s_n_ratio=snr(cleansig^oisysig); 

noisescleansig-noisysig; 

s_n_ratioslO*logl(Ksum(cleansig/2)/sum(noise>2));  %snr  in  dB 
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spectral.m 

%fuiiction  [specsig^^tsig]=spectral(anysig,delta_t) 

% 

%SPECTRAL  performs  a  fast  fourier  transform  cm  the  input  signal  'anysig' 
%and  returns  'fftsig'.  Fw  a  spectral  analysis  graph,  plot  ’specsig' 

%against  llz'. 

%Input  parameters: 

%  anysig"the  input  signal 

%  deita_t"t2  •  tl.  the  step  size  of  the  time  vector  in  the  signal 

%Written  by  Susan  Guckelberg,  6  Jul  93 

function  [specsig,Hzfftsig]=^)ectral(anysig,delta_t); 

fftsig=fft(anysig);  %flnd  the  fast  fourier  transform  of  the  signal 

abfftsig=abs(fftsig);  %fmd  the  absolute  value  of  the  transform 

length_f=length(abfftsig);  %rind  the  length  of  the  fourier  transform 

shoitsig=[abfftsig(l)  abfftsig(2:ceil((length_f)/2))];  %excluding  first 

%value,  truncate  the 
%vector  to  half  its  length 

lengthss=length(shortsig);  %find  length  of  transform  vector 

specsig=shortsig./lengthss;  %scale  down  amplitude  by 
%dividing  die  frequency  values 
%by  the  vector  length 

nyqfreq=l/(delta_t’''2);  %find  the  Nyquist  frequency 
Hz=nyqfreq*(l:lengthss}/lengthss;  %create  Hz  frequency  vector 
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%function[lsbsig,usbsig]=ssb<Mnsg,car_amp,car_freq) 

% 

%SSB  calls  hilbertm  to  perform  a  hilbert  transfonn 
%on  the  input  signal,  returning  lower  and  upper  sideband 
%signals  'Isbsig'  and  'usbsig'. 

%Input  parameters: 

%  t~the  time  vector  used  to  generate  the  message  signal 
%  msg-the  message  signal 

%  car_amp"the  amplitude  of  the  carrier  (modulating)  signal 
%  car_&eq~the  frequency  of  the  carrier  (modulating)  signal 

%  Written  by  Susan  Guckelberg  31  Jul  93 

function  [lsbsig,usbsig]=ssb(t,msg,car_amp,car_freq); 

m_hat=hilbert(msg); 

ssbl=msg.*cos((car_fireq*2*pi).*t); 

ssb2=m_hat.*sin((car_freq*2*pi).*t); 

clear  m_hat 

lsbsig=(ssbl+ssb2).*(car_amp/2); 

usbsig=(ssbl-ssb2).*(car_amp/2); 
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purpose 


These  thiity-four  functions  support  basic  electronic  communication  concq)ts  and 
techniques,  and  were  designed  to  accompany  the  EO  3513  course  offered  at  Navd 
Postgraduate  School,  Monterey,  California. 

The  “help”  function  in  MATLAB  provides  quick  access  to  detailed  information 
about  required  input  parameters. 

platforms 

The  Communications  Toolbox  for  use  with  MATLAB  was  developed  on  a 
Macintosh  Powerbook  165c  using  MATLAB  SIMULINK  version  1,2,  by  The 
MathWorks,  Inc.  The  MATLAB  m-fUes  were  translated  for  use  with  MS-DOS  platforms 
using  MacLink  Plus  6.0,  by  Data\^s,  Inc. 

The  Communications  Toolbox  is  designed  to  run  under  MATLAB  3.5  for  the  IBM 
PC,  without  the  presence  of  other  specialized  toolboxes. 

MATLAB  is  a  registered  trademark  of  The  MathWorks,  Inc. 


references 

Brown,  LT  Dennis  W.  and  Fargues,  Monique  R,  Dqrartment  of  Electrical  and 
Computer  Engineering.  Naval  Postgraduate  School  Technical  Report  no.  NPSEC- 
93-017,  SPC  Toolbox,  15  October  1993. 

Couch,  Leon  W.,  II,  Digital  and  Analog  Communication  Systems,  Macmillan 
l^blishing  Company,  1993. 

Haykin,  Simon,  Communication  Systems,  Second  Edition,  John  Wiley  &  Sons 
Inc.,  1983. 

The  MathWorks,  Inc.,  The  Student  Edition  of  MATLAB  for  Macintosh 
Computers,  Prentice-Hall,  Inc, 

Schweber,  William,  Electronic  Communications  Systems,  A  Complete  Course, 
Prentice-Hall,  Inc.,  1991. 

Stanley,  William  D.,  Electronic  Communications  Systems,  Prentice-Hall,  Inc., 
1982. 
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Amplitude 


compress,  expond 


function  calls: 

ooiiisigacoiiq»ess(S4nutViii) 

e)q)aosiigs«xpeDd(oofiisig^a.Vm) 

synopsis: 

compress  and  expand,  used  togetfaei;  simulate  die  companding  process  fior  reducing  quantizalian 
ncrise  (Scbwdxii;  p.  342).  Tbe  value  of  Vm  (die  maximum  amplitude,  or  vrdtage)  in  tbe  signal  “s” 
can  be  identified  at  the  time  of  the  function  call  by  using  the  “nmx”  command  to  pass  in  the  ** Vm” 
pammetei;  as  demonstrated  with  expand: 

expansig3«iq>and(a»isig,25S4nax(o(xnsig)); 

algorithm: 

The  ft-2SS  oonqianding  law  is  described  by  the  formula: 


where  1^11^255.  |i  =  0  results  in  a  linear  function  (no  conqxession  or  ea^anskm). 


Hme  Time 
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convert,  encode 

fanction  calls: 


ooovjauatBCQDvenCdediiud^ymbol^ 

co(le(lsip»eaoode(biiLiaums;5yn>b()ls,e^ 

synopsis; 

Convert  and  encode  are  used  to  trausfonn  the  vector  of  bin  numbers  returned  finm  quantize  a 
qaantuni  toastreamof  values  encoded  in  other  than  decimal  tqxesentaiKm,  commonly  as  a 
bitstream  of  I’s  and  O’s.  Encode  calls  convert  for  each  value  in  the  ‘1>in_nums”  vector 

algorithm; 

Encode  finds  (be  length  of  the  vector  ‘Iriojumis’’ and  loops  thtough  the  vectoi;  passing  each 
value  to  con  vert  along  with  the  number  at  symbols  (base)  and  elements  (places)  desired  for  the 
output 

hi  convert,  the  MAILAB  fimetkm  ‘Irem”  is  used  to  iqieatedly  evaluate  the  input  base  10  number 
“decimaT  resulting  in  anew  number  of  base  “symbor  having  die  number  of  places  spedSed  by 
“elements.”  For  example,  hqxit  of  2  symbols  and  3  elements  results  in  a  thre^bit  biitary  number 
Each  value  returned  from  convert  is  added  to  the  vector  “oodedsig.” 
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conv.am,  hilbert,  ssb 


function  calls: 

CQiivaiiisig3«oDv_am(iiisg,ddt9_t,^^ 

hilbsigsbilbertCanysig) 

01sb8ig,iisb8ig]BSS^Unsig,ctf_imp.cv^ 

synopsis: 

conv.am  and  ssb  perfonn  two  types  of  anqilitude  modulation  (AM):  oonventuxial  AM,  and 
single  sideband  AM.  (Tbe  Ihifd  type,  doid>)e  sideband  AM,  can  be  produced  by  miilti{dying  the 
message  signal  by  a  00^  function  of  the  desiied  canier  frequency.) 

algorithm; 

conv_am  letunis  a  conventional  AM  signal  by  eiiq>loying  the  fonnula 

A[l-«-inx(t)]coc(»et 

where  x(t)  is  tbe  message  signal  and  m  is  the  modulation  index  (Stanley,  p.  147). 
ssb  returns  the  lower  and  iqtper  single  siddiond  (SSB)  signals  as  fi>llows: 

Ae[in(t)coto>ct±  &(t)sincOct] 

where  m(t)  is  the  message  agnal.  The  minus  (-)  sign  is  used  to  produce  ifaetqipCT  sideband  (USB) 
signal;  die  plus  (+)  sgn  is  used  to  produce  die  lower  sideband  (LSB)  signal.  The  value  of 
is  within  the  fimctioo  hilbert  by  tddng  the  fast  fourier  transform  of  the  message 

signal  and  iqiplying  to  the  po^ve  fiequodes  and  j  to  the  negative  frequencies  (Couch,  p.  314). 
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envelope 

fanction  caii: 
envsig3«ovdope(x) 
synopsis; 

envelope  perfonns  an  envelope  detectioa  on  the  input  signal  (Note:  envelope  perfonns  a 
tian^ose  of  the  input  signal  vectoi;  making  it  a  memory-intensive  function.  Reduce  the  size  of 
the  iiqxit  vector  whenever  possible.) 

tttitten  by  Dennis  W.  Brown  8  Sq>  93 

Hilbert  transform  sectum  written  by  Charles  Denham  7  Jan  88 
Revised  by  LS.  19  Nov  88. 22  May  90,  TPK  4  Nov  92 

Copyrighted  by  The  MathWorks,  Inc.  1988.1990,1992  CThe  MathWorks,  Inc.,  p.  310) 

algorithm; 

envelope  cra^putes  the  Hilbert  transform  of  *%**  resulting  in  the  m«gnimde  of  the  cranplex 
envelope  (Brown  and  Fargues,  p.  SS). 
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nil 


ftinction  calls: 


flattop,  impsamp,  natsamp 


[flat8ig,pulsttn)»flattDp(s4elttjUMn«prat^^^^ 

[imi>sig.in4)tm]aiiiq)saiiqKs,ddtiLJt^^ 

(iiatsig,pulstm]aQats8iqKStdelt2L.Uaa^^ 

syPQPsls: 

flattop,  impsamp,  aod  natsamp  saiiq>le  the  taqait  signal  “s.”  flattop  letums  a  flatten 
san^lcd  signal;  Impsamp  letums  an  inqxilse-saiiDided  signal;  natsamp  leuims  a  naturally- 
sampled  signal. 

IMnOen  by  Randy  Brachardt  27  Jul  93 

algorithm: 

The  saiiq>ling  functions  each  begin  by  generating  an  impulse  train.  Impsamp  multiplies  the 
impulse  train  and  the  input  agnal  “s”  and  returns  die  product  as  ‘‘impsig.’* 
flattop  generates  ‘‘impsig”  in  the  same  way.  and  then  convolves  it  with  a  single  pulse  duty 

cycle  “d”  to  produce  tte  flattop-sanqiled  si^ial  ‘tiatsig.’’ 

natsamp  creates  a  pulse  train  by  convolving  a  single  pulse  of  duty  cycle  “(T  with  the  impulse 
trmn.  Tie  pulse  train  and  the  input  signal  “s”  ate  multq^hed  to  generate  the  natuially-samiAed 
signal  ‘Tiatsig.’’ 

impsamp  also  returns  its  in^Milse  train,  and  flattop  and  natsamp  eadi  lenim  a  pulse  train. 
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Amplitude 


fm.niod 

ftincdon  call: 


[Cnoig.dd<aJ.betal»6njnod(t>Ac.fc,fiTi.thei»MlelaLJf.beta) 


synopsis: 

lm_mod  rainitofts  eitber  “deltaJ”  (tbe  maxnniim  fiequency  deviatioo)  or  “bm,”  wfaichever  was 
not  passed  in,  and  letunos  bodi.  along  widi  tbe  ftequen^-moAdated  ^gnal  ‘‘finjag.”  fm.mod 
will  generate  single-  and  multi-tone  FM  signals. 

For  multi-tooe  signals,  Crequeocy  and  jdiase  parameters  are  iqvesented  by  vectors.  A  sanq>le  vector 
to  repiesenting  a  tbiee-tone  signal,  follows: 

fin  =  [SO  ISO  2301; 

Tbe  vector  represoiting  phases  for  tbe  molti-tooe  signal  is  established  in  tbe  same  way  (even  wbeo 
all  values  are  zero).  Tbe  vectors  rqxesenting  frequmicy  and  phase  must  be  tbe  same  kngifa. 

algorithm: 


ftai_mod  is  based  on  tbe  formula 


A^coi  2ic^t  +PX«m(2irf,^t  +  ei)j 


where  is  the  anqtlitude  of  the  FM  signal,  ^  is  tbe  fiequency  of  the  FM  signal,  ^  is  tbe 
fiequency  of  the  message  signal  (a  vectm  for  multi-tone  FM  signals),  and  ^  is  the  phase  of  tbe 
message  signal  (a  vector  for  mold-tone  FM  signals)  (Haykin,  p.  190). 
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Amplitude 


function  call: 

(fivjsigsfreq_div(s(piarebspk,Uc) 

synttpsis: 


freq_div 


ft'eq.div  accepts  the  squaied  BPSK  signal  ’’squaiebpsk"  and  peifonns  a  frequency  division  in 
preparation  for  coherent  detection.  fk«q_div  is  specific  to  the  BPSK  detection  process  used  in  this 
laboratory  set 

algorithm: 

freq_div  divides  the  squared  BPSK  signal  by  costlnf^t),  simulating  its  frequency  shift  down  to 
the  value  of  “f^.” 
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Amplitude 


fsk 


fuaction  call: 

Csksigsfsk(digjsig,(telUL.t.bit]:ate,fireqjO,&eq_l) 

syaopsis: 

fsk  performs  frequency-shift-keying  on  the  input  digital  signal  “dig.sig”,  returning  ‘fsksig,”  with 
‘treq.O”  assigned  to  0  Uts,  and  “freq.!”  assigned  to  1  bits. 

alyorithmi 

fsk  worics  bit  by  bit  to  assign  one  of  two  input  frequency  values  to  a  frequency  vectot  The  ouq)ut 
FSK  signal  is  generated  as  a  cosine  function  of  the  frequency  vector:  ‘Delta.f  ’  and  ‘Ijitrate"  are 
passed  in  to  determine  the  number  of  points  in  each  bit 


Digital  message  signal 
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At 

t  0 
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highpass,  idealbnd,  idealhi,  ideallow,  lowpass 

function  calls; 

HPI%stuglq;>ass(Hz,cutofiO 

IBP^^aide^bnd(Hz,cutofflpBofF2) 

IHFB4dealbi(Hz,cu(ofi) 

ILPf«sideallow(Hz,cutofi) 

LPFslowpass(Hz,cutofQ 

synopsis; 

These  filters  each  return  a  vector  the  length  of  “Hz”  (letumed  from  spectral).  Examining  a  one¬ 
sided  qiectral  analysis  grqih  (“q)ecsig”  plotted  against  “HO  will  he4>  in  detennining  the  desired 
cutoff  fiequency  or  frequencies. 

The  “feval”  aanmand  in  MATLAB  allows  the  filter  functions  to  be  called  from  within  the 
functions  recoverm  and  recovers. 

algorithm; 

The  simple  lowpass  filter  in  lowpass  is  based  cm  the  following  formula  (Stanley,  p.  98): 

H(t)^ - 4- 

The  sinq)le  highpass  filter  in  highpass  is  based  on  the  following  fonnula: 


The  remaining  “ideaT  filters  ate  composed  of  O’s  and  I’s,  changing  values  at  the  cutoff  fiequency 
or  frequencies  to  retain  only  the  desir^  frequency  band.  Eadi  of  the  lowpass  filters  below  has  a 
cutoff  frequency  of  1(X)  Hz. 
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manchest,  nrzibi,  nrzluni,  rzuni 

function  calls: 


[inanclusig,bict.tiansec>8iiianchest(oodedsig,ddl^t.lMtrate) 

[iuzIsig.biLt.transeclsiiRlbi(oodedsig,(]dt9_t.bitrate) 

[iuz]sig,btct,transec]3iindatii((X)dedsig,delta_t,biliate) 

[miiiisig,biLt>traiisecl^zuni(oo(ledsig,delt^t.biaaie) 

synopsis: 

Each  of  these  four  digital  eocodiog  fiiiictioas  letiims  a  digital  signal  at  the  specified  bitrate  for 
plotting  against  the  time  vector  “bict**  The  number  of  transmission  secomls  “transec”  is 
calculated. 

manchest  returns  a  manchester-encoded  signal  nr  zlbi  returns  a  l^lar  non-rehim'to-zero 
signal,  nrzluni  returns  a  un^lar  non-ietum-to-zero  signal  rznni  rehims  a  un^lar  retum-u>- 
zero  signal. 

algorithm: 

These  fimctkms  require  input  of  a  bitstream  of  I’s  and  O’s,  such  as  “oodedsig,”  returned  from 
encode,  cr  one  randomly  generated  using  the  command  in  MATLAB.  A  time  vector  is 
established  and  the  number  of  pmnts  per  bit  is  determined.  Values  within  the  bit  are  assigned 
acconliog  to  the  encoding  scheme.  Ihe  ezaoq)]es  below  show  the  output  for  each  encoding 
function  based  on  input  vector  of  [0 1 0  0  0 1 1 0 1 0]. 
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Amplitude  Amplitude 


par_ser,  ser_par 


function  calls; 


coaibjsigs^_ser(o()djsig,evaL.sig,delt^t.biiiate) 

[oddLjsig,eveQjsi^a«er_par(dtgjsig,ddt2L.M>itiate) 

syaop^is: 


8er_par  and  par_ser  cootribute  to  tbe  quadrqtbs'te-shift-keying  (QPSK)  process.  ser_par  is 
used  during  signal  generation  to  ^lit  tbe  digital  ngnal  into  two  signals,  one  c(Hiq)osed  of  odd  bits 
and  one  of  even  bits.  Ibe  bitrates  of  tbe  output  signals  are  slowed  to  half  that  of  tbe  input  signal, 
par.ser  is  used  during  the  coherent  detecticm  of  tbe  QPSK  signal  to  join  the  two  sign^  into  one 
by  alternating  die  letneval  of  tbe  bits  between  tbe  odd  and  even  signals  and  levertiitg  to  the 
(Kiginal  bitrate. 

algorithm; 

8er_par  inesents  some  indexing  challenges,  since  the  number  of  points  in  successive  bits  is 
subject  to  change.  Tbe  number  of  points  in  tbe  first  two  bits  of  the  iiqiut  digital  agnal  are  qiplied 
to  the  first  bit  in  the  odd  signal  and  die  first  bit  in  the  even  signal,  in  order  to  reduce  the  bitrate  in 
half,  while  applying  the  correct  bit  values. 

In  par_ser,  oidy  the  first  half  of  eadi  ‘odd’  bit  is  fetched,  and  the  second  half  of  each  ‘even’  bit. 
This  procedure  controls  tbe  changing  number  of  points  per  bit,  and  increases  tbe  bitrate  to  twice 
that  of  tbe  input  signals. 
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Amplitude 


psd,  spectral 

function  calls; 

(psdsigJIz,fitsig>:psd(any8ig,ddtaLt) 

[q)ecsigJHz,£flsig]aq)ectiaI(aDysi£.ddt^^ 

synapsis: 

spectral  and  psd  letum  vectocs  used  for  pioQing  one-sided  qiectrai  analy^  graphs.  Hot 
“specsig”  against  '‘Hz’’  to  observe  dte  anqrUtude  of  signal  tones.  Plot  “ps^g”  against  “Hz”  to 
observe  tbe  power  present  in  signal  tone  (power  qrectral  density), 
lb  find  average  signal  powee  integrate  “psdsig”  by  using  tbe  MATLAB  “sum”  command. 

The  returned  vector  “fl^g”  is  used  in  signal  recovery. 

algorithm; 

Each  fimction  performs  a  fast  foutier  transform  on  “anysig,”  creatiiig  the  “ffisig”  output  signal, 
and  then  finds  its  absolute  value.  The  first  half  of  tbe  vector  is  retained  and  divided  its  length, 

resulting  in  “qrecsig,”  returned  from  spectral.  In  psd,  tbe  vectCH' is  then  squared  and  divided  by  2 
to  reflect  the  power  in  each  signal  time,  and  returned  as  “psdsig.”  The  “Hz”  vector  is  scaled  to  tbe 
length  tbe  Nyquist  fieqoency  (l/2*delta_t). 
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pulspos,  pulswid 


fanction  calls; 

ppsigafHilqpo8(s,deltajuaa^ 

pwsig^pubwkKs.<teltH-UanqHateji^^ 

SYBttPSig: 

pnlspos  letums  a  pulse-positioo-modulaled  sigoal  with  pulse  amplitude  set  at  half  of  the 
fiunimiim  amplitude  of  the  hqHit  agnaL  Offset  values  are  calculated  from  the  h^uming  of  the 
sampling  peri^  T. 

pulswid  returns  a  pulse-width-modulated  signal  with  pulse  amplitude  set  at  half  of  the  maximum 
amplitude  of  the  input  signal.  The  input  parameter  “maxdur^  sets  the  maximum  pulse  duration. 
All  pulses  are  non-zeto-width  pulses. 

algorithm: 

The  average  luimber  of  points  in  the  sampling  period  T  and  the  amfditude  of  die  pulse-modulated 
signal  is  established.  The  taqait  signal  is  raised  to  aD-posidve  values. 

In  pulswid,  the  signal  swiptitmte  at  the  pulse  beginning  is  coaq>ared  to  the  maximum  signal 
smpiiuutf!  The  ratio  is  applied  to  the  number  of  points  in  ‘‘maxdur^  to  determine  the  number  of 
points  in  the  pulse  duration  *180.” 

hr  palscpos,  ‘Ian**  is  fixed  based  on  ‘^;)ulsedui:**  The  number  of  of^  points  frcan  the  pulse 
begitming  is  determined  for  each  Mtnpling  period  T,  based  m  the  ratio  of  the  signal  amplitude  to 
the  imuimiiin  signal  anqilimde  at  the  {Miise  beginning. 


Time  Tiooe 
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Ampfitude  Voltage  out 


quantize,  quantuni 

function  calls: 


[qiiandL;t,quandLyiquaa-Sig.biiuiiiins]ayiaMize(^bols,elements,ss,s«npraie^CL.t) 


synopsis; 

qaantize  and  qaantonl  gimubniB  aiia]Qg-t&<ligital  cooveilers  wiule  piovidiiig  two  vectcxs, 
“qoandL.x**  and  "qi]aidt_y>’*  for  pkMtisg  tbe  desired  quantization  dararierislic  (use  die  MATLAB 
“stainT  command),  quantize  simulates  a  b^lar  quantizer  with  a  range  of  -10  to  -t-lO  volts, 
quantuni  simulates  a  unqxdar  quantizer  with  a  range  of  0  to  -t-lO  vcdts.. 

aiyorithm; 


qaantize  and  quantuni  coaqaite  die  numbo'  of  converter  levels  by  raising  ‘'symbols”  to 
“elements.”  Ibe  value  of  eadi  stq>  in  tbe  converter  is  found  by  dividing  tbe  number  of  levels  into 
the  difference  between  the  minimum  and  maximum  converter  values.  The  value  of  each  successive 
level  is  found  by  adding  one  stqi,  and  is  stored  in  die  vector  “quandui”  (vtdiage  in) .  ‘t2uaiicb_y” 
stores  output  values  associated  with  input  values  (vdbage  ouO- 

The  average  number  of  points  in  the  simpling  period  T  is  determined.  Tbe  input  signal  value  at 
tbe  beginning  of  each  simqiling  period  is  found  and  the  value  is  assigned  to  the  proper  “bin.” 
bncmmdiate  values  are  fouDded  in  qaantize  and  buncaied  in  quantuni  The  to  numbers  are 
stored  in  “binjiums.” 
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recoverm,  recovers 


ftinction  calls: 

iecsig°4eooveaQ(fiisig,fbiic,Hz.cult^.cut^ 

iecsigi<ecovers(flftsi8Afimc,Hz.cutoffl/aitt^) 

aaOQBSis: 

rccoverm  aod  recovers  filter  and  recova  signals,  letunting  tbe  fime-domain  signal  "lecsig.” 

Use  recoverm  for  modulated  signals  and  recovers  for  sampled  signals. 

The  tiq)ut  parameters  “flRsig”  (the  fast  fouiier  tmnsfixm)  and  ‘Tlz’*  ate  letumed  from  spectral.  The 
input  parameter  ‘Tiinc”  refers  to  one  of  the  filter  fimetioos  inchided  in  the  Omununications 
Ttelbox:  Idealhigh,  ideallow,  Idealbnd,  lowpass,  and  higbpass.  Ibe  name  of  the  filter 
funetkm  most  be  enclosed  by  single  quotes  wboi  passed  in  as  a  paiameiec 

algorithm: 

The  filter  function  passed  m  as  ‘time’’  is  evaluated  using  die  cutoff  frequency  or  frequencies, 
returning  a  filter  tbe  length  of  “Hz.”  Tbe  filter  is  tailcred  to  die  length  of  “fftsig”  a^  tbe  two 
veettus  are  multqilied. 

In  recovers,  tbe  resulting  signal  vector  is  multqilied  by  by  1/d  (tbe  duty  cycle)  to  scale  the 
mtptitiulff  properly.  Inqwlse-samided  signots  require  the  iqmt  parameter  “d”  to  be  calculated  as  the 
sampling  rate  times  ddtaji  (the  stqp  size  in  tbe  time  vector). 

Fmally,  an  inverse  fast  fourier  transform  is  petfrxmed  on  die  signal  vector. 
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snr 


function  call: 

$jM«*«o°«PKcJeansig.iwi«ysig) 

synopsis: 

snr  retunis  tbe  signal*io-iioise  ratio  in  dB  foribe  “noisysig”  signal  input 

VUnoen  by  Mike  Sbields  28  Jul  93 

nlporithm: 

snr  is  based  on  tbe  following  foonula 

where  “X”  is  tbe  ii^Hit  “clean"  signal,  and  “y”  is  Ite  ouQwt  or  “noisy,”  signal. 
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APPENDIX  G— COMPARISON  OF  REQUIREMENTS 


Cuiiiparisun  of  Laboratory  Requirements 


Questions  Labeled  Plots  Combined  I  %  of  Total 


Comp-Aid  I 
Comp-Aid  2 
Comp- Aid  3 
Comp- Aid  4 
Comp-Aid  S 
Comp- AM  € 
Comp-Aid  7 
Comp- Aid  8 
Comp- AM  9 


Questions  Labeled  Plots  Plots  M-fHe  Ops  Combined  |  %  (rf’  Total 


Prog  I 
Prog  2A 
Prog  2B 
Prog2C 
Prog3A 
Prog3B 
Prog  4A 
Prog  4B 
Prog4C 
Prog  5 
Prog6 
Prog  7 
Prog  8 
Prog  9 
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